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“There are, it  has been said, two types of people in the world. There are those who, 
when presented with a glass that is exactly half full, say: this glass is half full. And then 
there are those who say: this glass is half empty. The world belongs, however, to those 
who can look at the glass and say: What’s up with this glass? Excuse me? Excuse me? 
This is my glass? I  don’t think so. My glass was fu ll! And it was a bigger glass!”
Terry Pratchett
Abstract
In order to capture and reproduce sound all around the listener in a perceptually 
realistic way, a recording technique (microphone layout) and a reproduction system 
(loudspeaker layout) capable of accurate 360° imaging are required. In order to 
develop the reproduction system, binaural and loudspeaker-based localisation cues were 
investigated in a literature review. The necessary loudspeaker-based localisation cues 
to manipulate the location of a sound image were analysed, and these showed that the 
common 5.1 surround sound loudspeaker arrangement could produce stable images to 
the front of the listener but not to the side. An 8-channel loudspeaker configuration 
arranged as a regular octagon was therefore chosen based on attempting to recreate 
plausible interaural cues for all locations. The performance of this was compared to a 5.1 
loudspeaker system in terms of localisation accuracy. It was shown that the octagonal 
loudspeaker configuration produces more stable and more accurate images all around the 
listener.
The octagonal loudspeaker arrangement required new microphone techniques for 
optimum recording and reproduction. An overview of the current literature showed 
how localisation curves can be used to design microphone arrays, and the other physical 
and perceptual parameters that need to be considered in microphone array design. This 
showed that it is useful to derive localisation curves for the new loudspeaker configuration, 
as these can be used to optimise the microphone array’s sound imaging accuracy. An 
experiment was therefore conducted to measure the localisation curves, and it showed 
that localisation curves are different for the loudspeaker pairs to the front, side or the 
rear of the listener. It also showed that to the side of the listener, interchannel time 
differences have little influence on the perceived location of the sound event.
The derivation of these localisation curves enabled the development of a microphone 
array design tool that predicts the localisation profile of a microphone array as a function 
of its geometrical set-up and the directivities of the microphones. The predictions of this 
tool were evaluated by comparing sound image positions for recordings of ten sound
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sources with ten different microphone arrays. This showed that the error of prediction is 
small when the crosstalk due to the microphone array is low. A linear regression model 
was created and shown to reasonably model the error of prediction as a function of the 
crosstalk level and crosstalk delay.
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Chapter 1
Introduction
1.1 M o tiv a tio n  a n d  scope of th e  p ro je c t
The research project described in this report is focused on recording a sound in a 
perceptually realistic way1 using a stereophonic approach, as is commonly used in 
consumer Hi-Fi audio.
The origin of the word Stereophony refers to solid sound (from the Greek stereos 
meaning solid and phonos meaning sound) (Rumsey 2001). Although its etymology 
means the concept of stereophony should include any technique that enables the sound 
engineer to reproduce auditory events, it generally refers to the ensemble of techniques for 
recording and reproducing spatial attributes of sound with greater capability than that 
available from a single loudspeaker, though not employing either binaural or soundfield 
reconstruction techniques. Instead, stereophonic techniques involve the creation of 
phantom images (i.e. “the apparent location of the sound source in-between loudspeakers” 
Rumsey &; McCormick (2005)) between loudspeakers based on interchannel time and 
level differences, either inherent to the microphone array2 used to capture the sound or 
introduced electronically. Sound field techniques aim at reproducing a physical copy of a 
given sound field over an extended area through the use of several loudspeakers (generally 
any number between eight and around a hundred loudspeakers). Binaural techniques aim 
at reproducing the exact binaural cues at the ears of the listener by using real or simulated 
binaural cues, reproduced either on headphones or on loudspeakers - using a particular
1This project focuses on the reproduction of localisation cues: it is expected that a system that 
could perfectly record and reproduce the localisation cues anywhere on the horizontal plane could also 
reproduce all other spatial cues in the horizontal plane as they were in the original acoustical environment.
2A microphone array is defined in the report as a set of microphones whose distance and angle to 
each other have been calculated as a function of directivity, time and amplitude differences in order to 
achieve an expected perception of a recording.
1
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type of filter in the latter case to cancel the acoustic path between each loudspeaker 
and the listener’s contralateral ear. The relationships between the loudspeaker signals 
are simpler in stereophony than in sound field synthesis or binaural reproduction. Both 
binaural and sound field synthesis techniques result in complex inter-channel differences 
that are inconsistent across frequency, sometimes include opposite phase channels, 
and often require filters with specific temporal responses. In addition to the relative 
simplicity of the inter channel cues, stereophony is generally more practical in terms 
of number of microphones, channels, processing power and loudspeaker requirements 
compared to sound field reproduction systems. It also allows more flexibility in terms of 
microphone positioning and microphone array types compared to binaural recording and 
reproduction. It was therefore decided to focus on stereophonic techniques.
The most common stereophonic (stereo) loudspeaker setup is composed of two front 
loudspeakers positioned 011 the horizontal plane of the listener, symmetrically placed 
around the median plane and forming a subtended angle of 60°. In international 
standards such as (BS.775-1 1992), the nomenclature used to name a stereo loudspeaker 
arrangement is of the type n-m, where n is the number of front channels and m  is the 
number of side and rear channels. Using this nomenclature, the frontal 2-channel stereo 
system is referred to as the 2-0 stereo loudspeaker system. 2-0 stereo can only reproduce 
sounds in the horizontal plane to the front of the listener, producing an image located 
between both loudspeakers.
This limitation can cause a problem when trying to reproduce sound in a perceptually 
realistic way: according to Griesinger (1998), lateral reflections increase the feeling of 
envelopment and the feeling of “being there”. It is therefore desirable to capture and 
reproduce sound all around the listener. In order to achieve such an illusion, a loudspeaker 
setup capable of reproducing sound all around the listener is therefore necessary.
A  solution was offered with 3-2 stereo, commonly used today by DVDs and home 
cinemas and known as the 5.1 system (BS.775-1 1992). As shown in fig. 1.1, 3-2 
stereo consists of five loudspeaker located respectively in-axis (i.e. to the front of the 
listener), +/-300 off-axis (i.e. at the same position as the loudspeakers of 2-0 stereo) 
and -+/- 100 to 120° off-axis for the rear loudspeakers. However, some studies have 
shown that reproduction on a 3-2 stereo setup does not produce stable images to the 
side and rear of the listener (Martin et al. 1999), (Rumsey 2001). An alternative 
multichannel stereo format that aims at a more stable reproduction all around the 
listener is therefore desirable. Several loudspeaker setups have been used in wave field 
reconstruction techniques and might provide this increase in stability of sound images.
If the new loudspeaker array can produce more easily located sound images all around
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Figure 1.1: The 3-2 stereo setup as defined by (BS.775-1 1992)
the listener, as intended, microphone arrays for this loudspeaker system therefore need 
to be developed. Designing new microphone techniques requires an understanding of the 
way microphone arrays can produce a controlled sound image, and of how the channels 
interact with each other. An auditory scene is composed of direct sound and diffuse 
sound (Kinsler et al. 1999). The direct sound component is the part of the sound that 
comes directly from the sound sources to the listener or to the microphone array, whereas 
the diffuse sound component is the part of the sound that is reflected in the room before 
arriving at the listener’s ear or at the microphone capsules. Microphone arrays can either 
aim at capturing both the direct and diffuse sound or at capturing more particularly the 
direct or the diffuse part of the sound.
The sound engineer can therefore use different microphone arrays that are tailored 
towards capturing sound producing specific spatial characteristics. For example, a 
microphone array might be more suitable to record well localised sounds and hence be 
used to predominantly capture the sources in the environment, while another might 
be better at making recordings that are perceived as spacious and hence be used 
predominantly to capture both the sound sources and the room impressions. These can 
be combined according to the desired result. However, as discussed above, this project
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focuses on recording and reproducing accurately the position of sound sources. Therefore 
this report only considers capture of the direct sound and its spatial characteristics. This 
raises the question “Ho w  should multichannel microphone arrays be designed for surround 
recordings?’’.
1.2 R e p o r t  a im s
As stated above, this project aims at answering the question “Ho w  should multichannel 
microphone arrays be designed for surround recordings?”. In order to achieve this, the 
thesis will have to answer a number of questions:
• What are the binaural cues used in the localisation of natural sources and 
loudspeaker-based reproduction?
• What are the perceptual consequences of time and level differences between each 
channel in 2-0 stereophony on the production of a phantom image located between 
the loudspeakers, in terms of spatial and timbral characteristics? What are the 
binaural cues produced by 2-0 stereophony as a function of interchannel time and 
level differences?
• Similarly, what are the perceptual consequences of time and level differences 
between two adjacent channels of a surround stereophonic system? What are 
the binaural cues produced by 3-2 stereophony and other surround systems as a 
function of interchannel time and level differences between adjacent loudspeakers? 
What are the perceptual effects of the reproduction of coherent sounds by more 
than two loudspeakers?
• What are the limitations of the 3-2 stereo system?
• What are the conditions required for a surround loudspeaker system to reproduce
well located phantom images all around the listener? What loudspeaker system
meets these conditions and could be used in the project?
• How should the localisation capabilities of two loudspeaker systems be compared?
• How are interchannel time and level differences created using 2-0 microphone 
techniques? What are the different types of 2-0 stereo microphone techniques? How 
can a 2-0 stereo microphone technique be described to inform the sound engineer 
of the spatial characteristics of the phantom images produced by this technique?
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• What are the microphone array design issues caused by surround sound recording 
and what solutions have been offered to these issues?
• How can microphone arrays be designed for the loudspeaker system chosen in this 
project?
• How is it possible to predict the position and width of the sound images produced 
by a given microphone array?
• What experimental procedures should be applied to measure the perceptual cues 
that are necessary for multichannel microphone array design?
• Which variables of the microphone arrays have an influence on the prediction error?
1.3 R e p o r t  s t ru c tu re
This report attempts to answer these questions as follows.
Chapter 2 presents an overview of the main physical cues used in the perceptual 
process of localisation, discusses for what type of signal each of these cues is useful 
and how they combine in order to improve the localisation accuracy compared to the 
use of only one of these cues at a time. The cues that arise from 2-0 stereophonic 
reproduction are then discussed, comparing the binaural cues created by stereophony 
with the binaural cues arising from natural listening. The chapter then considers 
localisation in multichannel reproduction systems, and the differences between these and 
2-0 systems in terms of the localisation cues that can be created. The limitations of 3-2 
multichannel systems are discussed, and an alternative octagonal loudspeaker layout is 
proposed that should offer improved localisation to the side and rear of a listener.
This octagonal loudspeaker configuration is then compared to a conventional 3-2 
multichannel setup in terms of localisation and locatedness of sound sources in chapter 3. 
The experiment described in this chapter verifies the limitations of the 3-2 multichannel 
setup and the relative benefits of the octagon setup discussed in chapter 2 and shows 
that the octagon loudspeaker array is suitable for reproduction of sound all around the 
listener.
Capturing direct sound for reproduction on the octagon loudspeaker array is therefore 
considered in the next chapter: chapter 4 discusses stereo recording techniques. It 
describes how microphone arrays can be designed to give rise to a range of interchannel 
differences that can affect the perceived location of the reproduced sound. Methods 
used to develop and objectively evaluate the performance of 2-0 recording techniques
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are discussed, and these are used to evaluate a number of common techniques. The 
applications of these methods to multichannel recording techniques are then discussed. 
From this, it is concluded that the localisation properties of the octagonal multichannel 
setup need to be determined to assist in the development of suitable microphone arrays.
Chapter 5 reports an experiment conducted to evaluate the localisation properties of 
each pair of adjacent loudspeakers in the octagonal loudspeaker array discussed in the 
previous chapters. The properties of the system, in terms of localisation and locatedness, 
are found in a form that allows development of microphone arrays for this system.
Chapter 6 describes a microphone array design tool developed based on the results 
of chapter 5. This tool was used to design a number of microphone arrays, varying in 
geometry and microphone directivity, and to predict the position of the sound images 
they produce as a function of the position of the sound sources recorded. An experiment 
was conducted to compare the predictions of sound image positions to the actual sound 
image positions and to evaluate the width of the sound images as a function of the 
geometry and the microphone directivity of the arrays, the recording environment and 
the position of the sound sources.
Finally, Chapter 7 summarises the content of the report. The main conclusions 
from the previous chapters are restated, the resulting original contribution to the field is 
discussed and the future work programme is presented.
Chapter 2
Loudspeaker-based reproduction of 
sound
According to Blauert, “localisation is the law which relates the location of an auditory 
event to the attribute of a specific auditory event or to an event that is somewhat related 
to the auditory event” (Blauert 1996). This can be interpreted as localisation being 
the perceptual law that defines the position of an auditory event in three dimensions 
as a function of a listener’s position, as shown in fig. 2.1. This chapter will describe 
localisation of sounds in natural listening and reproduced sound. In this project, 
particular attention is given to localisation in the horizontal plane, as most sound 
reproduction systems are based only in the horizontal plane.
Firstly, in section 2.1, this chapter will show which perceptual cues are used to localise 
a single sound source in natural listening. Then it will be shown for which types of signals 
these cues are used and how they combine when localising complex sounds.
Localisation of sound images produced by stereophonic systems involves the audition 
of more than one real sound source emitting coherent signals, which creates physical cues 
at the ears that are in some ways similar to the cues produced by a single sound source, 
but are not a completely accurate reproduction, as discussed in section 2.2. This chapter 
will also show the localisation cues that arrive at the ears when a conventional 2-channel 
stereophonic system emits coherent signals, and the effect of altering the interchannel 
time and level differences of these signals. Perception studies showed that despite the 
cues not being identical to those arising from a single sound source, the brain still 
manages to interpret these cues and to perceive one unique phantom source, provided 
certain conditions are fulfilled. The most common 2-channel stereophony loudspeaker 
arrangement is considered, and the localisation cues that arise from it are analysed to
7
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Localisation of a sound source in space
Up
Figure 2.1: Illustrated nomenclature of acoustic paths, spatial planes and angles with 
respect to the listener
show the localisation curves for this configuration.
Localisation in a surround stereophony system is studied in section 2.3 and it is 
shown how it differs from localisation on a 2-0 stereophony system and how a listener 
can localise to the side and behind. Finally, the limitations of 3-2 surround systems are 
demonstrated, and an alternative surround sound loudspeaker arrangement is proposed.
2.1 B in a u ra l lo ca lisa tio n  of a  single sound  sou rce
Localisation of a single sound source is based on a perceptual interpretation of the 
Interaural Time Difference (ITD), the Interaural Level Difference (ILD) and monaural 
spectral cues. ITD and ILD are the time and level differences respectively between the 
signals measured at each ear. Monaural spectral cues are determined as the difference 
between the signal emitted from the sound source and arriving at a given ear, due to 
the acoustic shadowing caused by the ears, head and body, as well as the frequency- 
dependent constructive interference caused by reflections from various parts of the ear, 
head and torso (Blauert 1996).
The transfer function of the acoustic path from a sound source to the ears of a subject, 
composed of ILD, ITD and spectral cues, is called the Head-Related Transfer Function
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(HRTF). HRTFs are listener-dependent: they are affected by the individual listener’s 
morphology and hence differ for each listener. Guillon et al. (2008), Hur et al. (2008) 
and other studies have shown that for headphone-based sound reproduction where the 
H R T F  can be altered, localisation accuracy is highest when the H R T F  closely matches 
that of the listener.
2.1.1 Interaural T im e and Phase Differences
The ITD is an important cue that relates to the perceived direction (or when limiting the 
study to the horizontal plane, the azimuth, i.e. the angle around the horizontal plane) of 
a sound source. An ITD of zero occurs when the distances between the sound source and 
each ear are equal and therefore this results in the sound source being perceived as located 
on the median plane. Different models of ITD as a function of the sound source’s position 
have been developed, such as those by Kuhn (1977) and Woodworth &; Schlosberg (1954). 
Woodworth and Schlosberg’s models depend on the distance between the sound source 
and the head. One of the models is applicable to plane waves - i.e. from far away sources, 
the sound wave becomes more and more similar to a plane wave as distance increases 
from the emitting source. His other two models are used for spherical waves, depending 
on whether one of the acoustic paths between the sound source and one of the ears is 
direct or not. Kuhn’s model is dependent on the sound source’s direction and on the 
frequency content of the sound wave, and was estimated empirically after Abbagnaro 
et al. (1975) found that ITD was frequency dependent. Kuhn’s model was derived from 
measurements taken of an artificial head and assume the sound wave is a plane wave. 
The results can be observed in fig. 2.2.
Kuhn’s modelled ITD (7 ) depends on the sound source’s direction 6 and on the 
distance D  between both ears. They are computed in terms of difference of path length 
between the two ears. Kuhn derived separate equations for the low and high frequency 
ranges, considering that D  =  18.6 cm:
For low frequencies:
3D
7 =  (2.1)
. For high frequencies:
7  -  — sin(0) (2.2)c
where 7  is the estimated ITD, c is the velocity of sound in the air and 0 is the azimuth
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Figure 2.2: ITD as a function of sound wave’s incidence angle according to Kuhn’s 
models. The differences between the low frequency model and the high frequency model 
can be observed.
of the sound source. As shown in fig. 2.1, an angle 0 of zero means that the sound source 
is located to the front of the listener.
Research has looked at how altering the ITD of signals presented over headphones 
affects the perceived lateralisation of the sound. Lateralisation is defined as the “lateral 
displacement of an auditory event on the interaural axis” (Blauert 1996). In most ITD 
and ILD studies, most auditory events tend to be perceived inside the head when the 
audio signals are presented over headphones. In that case, the position of the perceived 
event is therefore defined by its position on the interaural axis, between the ears. Hence 
it is prefered to use the term lateralisation to the term localisation. Perception studies 
showed that the relationship between the lateralisation and the ITD is almost linear 
between an ITD of - 630ps and +630/as, where it is almost fully lateralised to the 
side at which the signal arrives first (Toole &  Sayers 1965). An absolute ITD value 
of 630/is corresponds to a signal path difference of 21 centimetres, which is typically the 
maximum signal path difference between the two ears for a sound source placed on the 
side. According to Teas (1962), for a sound reproduced over headphones, the ITD value 
necessary to fully lateralise a sound is not absolute but depends of the sensation level of 
the signal and the type of sound signal. Teas varied the level of the stimuli for different 
types of sound signals: a high-pitch transient sound and a low-pitch transient sound. 
The high-pitch transient lasted for 0.5ms while the low-pitch transient was an electric
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pulse filtered through a 600Hz low-pass filter and laster 2ms.
In Teas’s experiment, it seems that the resulting auditory event moves as the ITD 
increases continuously from 0 to 3.5 ms, but that the path followed by the auditory event 
depends on the type of transient and on the level of the stimuli: for the same lateral 
shift of the phantom source towards one side of the listener’s head, a smaller ITD is 
necessary for high sensation level signals than for low sensation level signals. For low- 
pitch transients, changes in ITD are reported to create a larger lateral phantom source 
shift than for high-pitch transients at the same sensation level.
The interaural time difference in natural hearing is inherently related to the Interaural 
Phase Differences (IPD). IPD is a measure of the phase difference between both ears at 
a given frequency. Whilst it is not possible to measure a delay between two sinusoidal 
waves without any transient, it is possible to measure a phase difference between them 
and to deduce a possible time difference from this.
4> oc 27r/7 (2.3)
in the case of a sine wave, where / is the frequency of the sine wave, 7  is the ITD and (j) 
is the IPD. This relationship is true for ITD values between — and + 51* As ITD can 
vary between -630 /is and +630 the relationship remains true up to approximately 
800 Hz.
Due to the relationship between ITD and IPD at low frequencies, as shown in eq. 
2.3, below 800 Hz, if a signal is fed to a listener’s ears over headphones, varying the IPD 
has an similar effect on lateralisation as varying the ITD (Blauert 1996).
According to Blauert (1996), different studies showed that the effect of IPD on 
lateralisation decreases above 800 Hz and that it has no effect on lateralisation above
1.5 kHz: according to Colburn &  Esquissaud (1976), the firing rate of auditory nerves 
at low frequencies can follow the fine structure of the signal, but at high frequencies the 
firing rate of the auditory nerve is not rapid enough to follow the fine structure. Instead, 
Colburn found that the firing rate of the auditory nerves at high frequencies follows the 
envelope of the signal. Hence, for certain signals, for instance with an envelope at high 
frequencies that is not constant, ITD can then be used as one of the cues for localisation 
even above 1.5 kHz: ITD can be judged for high frequenciy signals based on the IPD 
of the envelope of the signal, as long as the envelope is sufficiently complex to allow the 
IPD differences to be extracted.
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2.1.2 Interaural Level Differences
ILDs arise due to the difference of acoustic path length between the signals going to each 
ear and to the absorption / diffusion / reflection effect of the head. The shadowing effect,
i.e. the absorption / diffusion / reflection of sound waves by any object present in the 
sound field, creates level differences between each of the listener’s ears, particularly at 
high frequencies where the shadowing effect is more prominent.
However, the difference-of-acoustic-path ILD is not only dependent on the difference 
of length of the acoustic path but also on the mean length of the acoustic path from the 
sound source to the head: for a difference of acoustic path of 10 cm, the resulting ILD 
will differ depending on whether the sound source is 40 cm or 3 m  away from the listener. 
Knowing the acoustic path length is therefore necessary when one wants to model the 
ILD.
Extrapolating Kuhn’s ITD models, it is possible to compute the difference of acoustic 
path I as a function of the source’s angle:
For low frequencies:
3D
I =  — sin (9) (2.4)
For high frequencies:
i =  ~ {  *m(e) +  e) (2.5)
It can be shown that unless the source is at a distance d<37 cm, the ILD due to 
the difference of path length will be less than 6 dB. The length of acoustic path is a 
maximum when 9 —  90°, i.e. when the sound source is in the interaural axis. For a
sound source located on this axis, to the side of the left ear, and a distance between the
source and the centre of the head of d =  2D, at low frequencies, the difference of acoustic 
path becomes:
I =  3D/2 =  28cm
The acoustic path length L l between the sound source and the left ear is
Li, —  d —  — -sin#
2
L l —  2 D  —  D/2
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L l =  3D/2
As the difference of acoustic path is equal to the difference between L l and the 
acoustic path length L r  between the sound source and the right ear, L r  is defined by
L r  —  L r +  I 
L r  =  3D
The ratio between both acoustic path lengths is therefore 2. According to the 
propagation of a spherical acoustic wave, the attenuation A  between both ears is therefore
A  -  201og(2)
A  =  6dB
Compared to the relatively low levels of ILD caused by difference of path length for 
distances beyond a few tens of centimetres, the shadowing effect can cause ILDs of 25 dB 
or more (Blauert 1996). At low frequencies, the wavelength of the sound is large enough 
to diffract around the listener’s head and torso, meaning that the level at each ear is 
similar. At high frequencies however, the head is not anymore a transparent acoustic 
obstacle for the acoustic wave (Everest &  Pohlmann 2009).
At high frequencies, this shadowing effect causes level differences between each of the 
listener’s ears. The shadowing effect is caused by the shape of the ear, head and torso, 
and depends on the incidence angle of the acoustic wave: if a sound source is located 
to the side of the listener, the contralateral ear (for nomenclature, please refer to fig. 
2.1) receives less energy from the acoustic wave, as the lack of diffraction causes some 
of the acoustic wave’s energy to be either absorbed, diffused or reflected by the head. 
In addition, at high frequencies, the complex structure of the external ear has a larger 
influence on the level of the sound signal than at low frequencies: the dimensions of 
the external ear are sufficient for it to act as several resonators acting at the same time 
(Blauert 1996). Fig. 2.3 shows an example of ILD, where it can be seen that the ILD is 
smaller than 5 dB below 3kHz, and can increase to up to 70 dB above.
It can be shown that any source located on the median plane creates an ILD of zero 
(assuming that the listener’s head is symmetrical): being at the same distance to each
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ILD measured at 90°
Frequency (Hz)
Figure 2.3: Example of ILD, measured on the LISTEN database, on subject 1002 at 90 
degrees azimuth, 0 degrees elevation. It can be seen that the ILD ranges between 0 dB 
and +70 dB
of the listener’s ears, there is no difference of acoustic path nor difference of diffraction. 
Simulations over headphones showed that when the level of a sound signal is increased in 
one ear, it results in the perceived phantom source migrating towards this ear (Blauert 
1996). Experiments evaluating the ILD necessary to fully lateralise a sound source were 
conducted in a similar way to those conducted for ITD but showed more ambiguous 
results.
According to Blauert, the results of different studies on the ILD necessary to 
fully lateralise a phantom source varied between 10 dB and 20 dB, depending on the 
experiment. Additionally, most authors who have worked on this subject say that the 
localisation blur, i.e. “the smallest change in the input attribute of interest that leads to 
a change in the position of the auditory event” (Blauert 1996), increases when the ILD is 
higher than 8 dB, hence the necessary ILD to obtain a fully lateralized sound is difficult 
to measure and should be considered with caution (Sayers &  Toole 1964) (Blauert 1996). 
However, as ILD is frequency-dependent, the perceived results depend highly on the type 
of signal used.
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2.1.3 Spectral cues
In addition to ITD and ILD, the geometry of the head and of the rest of the listener’s 
body changes the spectrum of the sound source’s acoustic signal that arrives at the 
listener’s ears, due to diffraction, absorption and reflection. This gives rise to spectral 
cues which depend on the sound source’s position as well as the listener’s morphology 
(Guillon et al. 2008). For example, any sound source in a listener’s median plane will 
create no ITD nor ILD. However, in this example, the sound source’s elevation and the 
front-back hemisphere in which it is situated will result in a location-dependent filtering 
of the signal at the ears, as can be seen in fig. 2.4. Similarly to ILD, spectral cues 
are mostly useful above 1.5 kHz. According to Blauert (1968), when a sound source 
in the median plane emits a narrow-band signal, the location of the auditory event is 
sometimes not dependent on the location of the sound source but only on the frequency 
content of the signal: for example, he showed that a narrow-band noise centred on 2 
kHz is perceived to the front of the listener whereas a narrow-band noise centred on 500 
Hz is perceived above the listener. This shows how important spectral cues can be in 
localisation.
Some recent studies showed that despite this apparent utility of spectral cues, 
problems arise when spectral cues are reproduced or simulated. Spectral cues modify 
the spectrum of the signal and therefore add level boosts or drops at certain frequencies. 
As Ono et al. (2002) showed, this deteriorates the timbre restitution of synthesised 
binaural sounds. Alto (2009) therefore designed an experiment aiming at improving the 
timbre perception in binaural reproduced sound. It compared localisation capabilities and 
timbral quality of unfiltered binaural signals with filtered ones. The filtering consisted of 
flattening the frequency response of the R M S  sum of both ear’s HRTFs. The experiment 
showed that the influence of spectral cues in localisation was somewhat limited, as 
listener’s localisation ratings were as good when both ear’s H R T F  were filtered as when 
they were not. It can however be argued that there were flaws in the experimental design, 
as only noise signals were used, and spectral and temporal cues were not individualised. 
ITD, ILD and spectral cues vary from one listener to the other, as they depend on the 
listener’s morphology, and this might explain the scattered results of the experiment.
2.1.4 Com bination o f cues
The localisation decision is a process in which the brain combines the different localisation 
cues. Different cues have different perceptual importance for different frequency ranges 
of the signal (Blauert 1996). Blauert showed that below 800 Hz, the main localisation
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Comparison between spectral cues
Frequency (Hz)
Figure 2.4: Spectral cues measured on the LISTEN database, on subject 1002’s left ear 
using a source located at 0 degrees azimuth, comparing a source at -30 degrees elevation 
with a source at +30 degrees elevation, using the level of the +30 degrees spectral cues at 
1 kHz as the 0 dB reference. It can be seen that differences of up to 15 dB occurs at some 
frequencies, and that despite a peak at 800 Hz in this example, most large differences 
occure above 2 kHz.
cue was IPD (for a single source, this is directly proportional to ITD below 1.5 kHz), 
as in natural hearing the shadowing of the head is not sufficient to create sufficiently 
high variations of spectral cues or ILDs as a function of the sound source’s position in 
this frequency range. ILD and spectral cues are generally considered together, as they 
both are caused mainly by the shadowing of the head. They are considered important 
localisation cues for frequency content above 1.5 kHz because of the increasing shadowing 
effect, although their perceptual importance in localisation is diminished at very high 
frequencies. At high frequencies, envelope ITD becomes the most prominent localisation 
cue (Constan &  Hartmann 2001), based on the difference of time between the envelopes 
of the signals at the ears. The perceptual importance of each cue is not fixed, however, as 
it can depend on the signal the sound source is emitting. A  high pass filtered white noise 
that has no frequency content below 1.5 kHz nor any transient cannot be localised through 
IPD nor envelope ITD: the frequency content is too high for phase to be perceptible, and 
the envelope may be constant. ILD will be the only plausible localisation cue here.
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Similarly, a high-pass filtered impulse will be mainly localised using envelope ITD, as 
ITD is easy to evaluate in this case.
Plausibility of localisation cues is the key to Hartmann’s localisation theory (Hart­
mann 1990). According to him, auditory localisation cannot be simulated through a hard­
wired model, meaning that auditory localisation uses different mechanisms depending on 
the signals at the ears. He argues that in binaural hearing, some localisation cues are not 
used by the brain if they are evaluated as being implausible, i.e. if the localisation cues 
do not correspond to cues that can be encountered in a natural environment, such as an 
ITD of 3 ms. This is based on a localisation study evaluating the effect of a single room 
reflection (Rakerd &  Hartmann 1985). It showed that when the ITD is not plausible,
i.e. too large, other localisation cues are used to replace it. In the experiment Hartmann 
conducted, he showed that when the ITD was not plausible (ITD > 1 ms) or not stable 
(ITD highly dependent on the listener’s position), when listening to a sine wave with no 
transient sound, listeners used ILD even though the signal was low frequency, whereas for 
the same sine wave but different room conditions, they used ITD when it was plausible.
According to the plausibility theory, listeners are not conscious of using different 
localisation cues than the ones the}' would normally use. They may however feel the 
sound source might be blurred or not be certain of the location of the source. Hence a 
low index of plausibility may therefore be related to an increase of localisation blur and 
a decrease of locatedness.
This shows that the methods used to combine physical cues in the perception of 
localisation are not perfectly known yet, and perception of sound remains a complex 
problem. However, it is apparent that in order to maximise the locatedness and minimise 
the localisation blur of a signal, the physical cues should be consistent between each other, 
at least in the frequency ranges where each is perceptually most important.
2.2 L o ca lisa tio n  of 2 -channel lo u d sp eak er re p ro d u c tio n  sys­
tem s
The previous section detailed how we localise a single sound source. However, the 
localisation of single sound sources differs from stereophonic localisation. In stereophonic 
localisation, a stereophonic image is created between a number of loudspeakers. If the 
loudspeaker signals are coherent (i.e. they differ only by a phase or level difference) 
but not identical, the perceived auditory event’s characteristics change: according to 
(Blauert 1996), when two sources emit correlated signals, and when the time and level
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difference between these signals is small enough (less than 18 dB of InterChannel Level 
Difference - ICLD - and less than 1.1 ms of InterChannel Time Difference - ICTD), 
a single auditory event is perceived, whose spatial attributes such as direction, width 
and locatedness depend on the ICTD and ICLD. This is how a sound image can be 
“panned” between two loudspeakers, i.e. how the direction of the auditory event can be 
controlled. The signals from all loudspeakers add at each of the listener’s ears, hence 
the perceptual mechanisms used to localise a sound in a stereophonic system are called 
summing localisation. As was discussed in the previous section and as can be seen in fig. 
2.5, an off-centre single source creates ITDs/IPDs at all frequencies but no ILD at low 
frequencies. In addition, it can be seen that the ITD deduced from IPD is stable across 
frequency at low frequencies but becomes erratic above 3kHz, and that the ILD increases 
with frequency.
After introducing the standard two-channel stereo system, this section discusses the 
perception of phantom images produced with InterChannel Level Differences (ICLD). 
It compares the binaural cues created by the ICLD with the binaural cues obtained 
when auditioning to a single sound source. The perception of phantom images 
produced with InterChannel Time Differences (ICTD) is then studied in a similar way. 
Subjective evaluations of the phantom sources created by ICLD and ICTD are discussed. 
Hartmann’s plausibility theory is then discussed to explain the variability in localisation 
capabilities. Finally, localisation curves, i.e. sets of data describing the position of a 
perceived sound event as a function of interchannel differences, are presented. In order 
to limit the number of variables, and because this research is focused on high quality 
audio, only the central listening position is studied.
The model used in fig. 2.5, fig. 2.7, fig. 2.14, fig. 2.15, fig. 2.16, fig. 2.17, fig. 2.18, 
and fig. 2.19 was developed by Russell Mason in 2009. It simulates the ILD, IPD and 
ITD as a function of the loudspeaker positions, of the signal’s frequency, of the ICTD 
and of the ICLD. The model used for the level at each ear caused by each loudspeaker 
is based on an approximation found using a heuristic procedure to match the measured 
H R T F  data measured by Gardner &  Martin (1994) using a K E M A R  Head And Torso 
Simulator (HATS):
( if 0 and /> 100)
levelled =  < or (6> 0 and / <  100) (2.6)
^q0.037 otherwise
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Figure 2.5: IPD, ITD and ILD at the listener’s ears resulting from a single sound source 
emitting sound, located at +30°, as a function of frequency, modelled using Mason’s 
model, described in this section.
where / is the frequency of the signal and 9 is the angle of the loudspeaker in reference 
to the frontal position (9 is zero if the loudspeaker is located to the front of the listener, 
positive if the loudspeaker is located to the left of the listener and negative if the 
loudspeaker is located to the right of the listener). The ILD is then obtained by taking 
the level at one of the ears from the level at the other.
ITD and IPD were computed using a sphere model for the head. This model 
appears to give results close to measurements made of a K E M A R  HATS. The model 
is symmetrical to the interaural axis and is only designed to work on the horizontal 
plane. For each ear, it computes the time delay between the arrival time of the sound 
wave at the ear and the time at which the sound wave would have arrived at the centre 
of the head in the absence of any head. For the closest ear:
Ti =  —  cos#—  (2.7)
2c
and for the furthest ear:
t2 =  (| 9 | -mt/S)* (2.8)
where c is the velocity of sound in the air, vi is the delay at the closest ear and T2 is
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the delay at the furthest ear.
Four levels are then obtained: Lsi, left) A S2, left, -Lsi, right and Ls2, right) SI and S2 
being the first and the second loudspeakers and Lsi, left being the level of the first 
loudspeaker at the left ear. Similarly, four phase are obtained at each frequency: <3?si, left) 
± S 2, left) ®S1, right and 4>S2, right- The total level at the left and right ear (respectively 
Ltot, right and Ltot, right) are then computed as follows:
Ltot,left =  | £ s i,  lefte’*8’- “  +  , “ >| (2.9)
t^ot, right =  lisi, right^s1' nght +  ^ S2, right^32, rieht | (2.10)
Similarly, the total phase at the left and right ear (respectively $tot, right and #tot, right) 
are then computed as follows:
$tot, left =  arg(Lsi, lefte^ S1’left +  Z/S2, leftel#S2, tcft) (2-11)
*u>t, right =  arg(LSi, righte^1-right +  ±S2, rightei#S2>rig!,t) (2.12)
The ILD A, the IPD <3? and the ITD 7  are then deduced from that:
A  —  20 * log(Ltot, right) 20 * log(Ltot, left) (2.13)
^  =  ^tot, right ~  *tot, left (2-14)
7 =  ~  (2.15)
2.2.1 Two-channel stereo system
The standard 2-channel stereo loudspeaker arrangement is composed of two frontal 
loudspeakers directed towards the listener, each of the loudspeakers and the listener 
being located at a corner of an equilateral triangle. It was considered to be the widest 
angle possible before the auditory scene created by the frontal loudspeakers becomes
unstable (Rumsey &  McCormick 2005), (Toole 2008). In order to simplify analysis,
the simulations are made of an anechoic room, where there are no room reflections and 
the transfer path from each loudspeaker to their ipsilateral and contralateral ears are 
identical, as can be seen on the right hand side of fig. 2.6. When both loudspeakers 
emit identical signals, the ICLD and the ICTD are zero. Two signals with opposite
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Stereophonic localisation
  Signal at the left ear coming from the left loudspeaker
  Signal at the right earcom ing from the left loudspeaker
  Signal at the left ear coming from the right loudspeaker
  Signal at the right ear coming from the right loudspeaker
Figure 2.6: Typical two-channel Stereophonic set-up. An impulse played by each 
loudspeaker arrives at each ear. The signals at each ear depend on the Interchannel 
Time Difference (ICTD) and Interchannel Level Difference (ICLD), and give rise to an 
ILD and an ITD.
ITD, ILD and spectral cues (one for each loudspeaker) add themselves at the ears of the 
listener. The loudspeakers being symmetrical around the median plane, and assuming 
the symmetry of the head around this same plane, both ear signals are identical: there 
is no resulting ITD nor ILD. This results in a single auditory event being perceived to 
the front of the listener.
A  filtering of the source signal is however caused by the transfer path from each 
loudspeaker to each ear. The spectral cues of the perceived phantom source do not 
correspond to the spectral cues of a single real frontal source but to the phase-dependent 
sum of the spectral cues of the two loudspeakers. At a given frequency, in-phase signals 
will be added together while at another frequency, out-of-phase signals will be subtracted.
Room reflections, along with the time delay between the arrival of a loudspeaker’s 
signal at the ipsilateral ear (the closest to the loudspeaker) and the arrival of the other 
loudspeaker’s signal at this same ear, as well as spectral cues and ILD, modify the original
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sound signal’s spectrum. However, the brain accommodates this as long as the phantom 
sources do not move (Hartmann 1990): it only selects particular spectral information 
and compensates for others.
When the signals sent by each loudspeaker are coherent but not identical, the signals 
at the ears will differ, as shown in fig. 2.6. The signals represented in the figure were 
chosen to be impulses in order to make the ITD, ILD, ICTD and ICLD easier to observe. 
In contrast to the binaural perception of a single sound source where a single signal 
arrives at each ear, 2-channel stereophonic reproduction results in two signals arriving 
at each ear, hence meaning that a combination of four components of the sound in total 
need to be analysed by the brain.
Let us consider a sinusoidal signal, s, sent to two loudspeakers located at +30 ° and 
-30° to the front of a listener and symmetrically positioned either side of the median 
plane. The signal sent to the right loudspeaker is delayed by <&o/27t/, where / is the 
frequency of the signal, and a linear gain of go and an IPD of +o are applied to it. W e  
have
s l l  — s 
srr — gose~j<1?0
In these equations, sll is the signal at the left ear due to 
is the signal at the right ear due to the right loudspeaker.
slr =  |A(/)|se_J'#i (2.18)
srl =  | A{f)\g0se~j^ i+^  (2.19)
|A(/)| and are the interaural level difference and the inter aural phase difference 
of each signal to the contralateral ear, s l r is the signal at the right ear due to the left 
loudspeaker and srl is the signal at the left ear due to the right loudspeaker.
W e  can then deduce the signal at the left ear sl and the signal at the right ear sr:
s l  =  s l l  +  s r l  =  s [  1  +  £ / o | + 4 ( / ) | e “ J' ^ i+ 4 > o )] ( 2 . 2 0 )
SR =  Srr +  sLr = s[g0e~j^ o) +  | A(f) (2.21)
At low frequencies, the ILD is very low and shadowing effect is limited. Therefore,
(2.16)
(2.17)
the left loudspeaker, s r r
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Figure 2.7: IPD, ITD and ILD at the listener’s ears resulting from an 18 dB ICLD on a 
2-0 stereo system, as a function of frequency, modelled using Mason’s model, described 
in this section.
|A(/)j is close to 1. These equations can then be used to demonstrate the effect of 
introducing interchannel level and time differences, as discussed below.
2.2.2 B inaural cues produced w ith  pure IC L D
According to Rumsey Sz McCormick (2005), monophonic sounds are usually panned 
between two loudspeakers via the use of pure ICLDs. A  comparison therefore needs to 
be made between the binaural cues produced by ICLDs and the binaural cues produced 
by a single sound source. A  pure ICLD means that there is no ICTD.
When the ICTD equals 0, i.e. 4>o =  0
\sL/s\ =  a/(1 -f- £/0cos($i) ) 2 +  (Posin($i) ) 2
\sl/s\ =  fy/l +  +  2Pocos$i =  |sh/s| (2.22)
This means that at low frequencies, an ICLD between the loudspeaker signals without 
any ICTD creates an IPD at the listener’s ears without creating any ILD, as can be seen 
in fig. 2.7 and eq. 2.22.
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It can be seen that the results of an 18 dB ICLD are similar to the IPD and ILD
although the phase difference is larger in the case of the single source and the ILD is 
more irregular in the case of pure-ICLD stereo.
2.2.3 B inaural cues produced w ith  pure IC T D
the signals reproduced from the loudspeakers. This can be analysed in a similar manner. 
Applying go =  1 (!•©• ICLD equals zero) to eq. 2.21,
This shows that an ICTD between the loudspeaker signals without any ICLD creates 
an ILD without IPD at low frequencies, as shown by eq. 2.23 and fig. 2.8, which is 
not consistent with auditioning a single source: at low frequencies, auditioning a single 
source causes little ILD, as can be seen in fig. 2.5.
With an ICTD, it is possible to produce interaural level differences without phase 
differences at low frequencies, and the variation of IPD and ILD across frequency is 
not consistent with cues arising naturally from a single sound source (Lipshitz 1985). 
For higher frequencies, the relationships are more complex, and no simplification of these 
equations is apriori possible. In addition, it can be seen that depending on the frequency 
of the signal, the ILD produced by an ICTD can be either negative or positive, which 
means that for a given ICTD applied to a complex signal between two loudspeakers, 
the ILD produced by the ICTD can pull the phantom source towards one or the other 
loudspeaker, depending on the frequency. It can be hypothesised that this can cause a 
larger localisation blur.
ICTD therefore leads to binaural localisation cues that differ significantly from the 
binaural cues produced by the audition of a single sound source. The next section will 
discuss how the interaural cues produced by ICLD and ICTD are perceived.
Lipshitz (1985) showed that ICTDs lead to phantom sources being not as well localised
measured when auditioning a single sound source (as shown in fig. 2.5) at all frequencies,
The perceived position of a phantom source can also be varied by altering the ICTD of
arg{sL/s) =  - 2 sin$ocos<&ocos$i +  sin^ocos2^i +  sm<3^cos2<3?o +  sin$icos<l>ocos§i(cosd> o +  cosd>i) 3 +  (cos<3>o +  cosd>i)(smd'o +  sin^i)2
sin.C&n 4- sin cl).-
arg(sL/s) =  arg(sR /s) (2.23)
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Figure 2.8: IPD, ITD and ILD at the listener’s ears resulting from a 1.1 ms ICTD on a 
2-0 stereo system, as a function of frequency, modelled using Mason’s model, described 
in this section
compared to using ICLDs. This is caused by the ILD created at low frequencies by the 
ICTD. It can sometimes pull the image in the opposite direction from the image created 
by the transients of the signals. It can also create out-of-phase signals at a frequency 
of / =  25J, where n can be any positive odd integer and At is the ICTD. According 
to Lipshitz, the sound takes on a “phasey” quality and the image becomes anomalous, 
particularly at low frequencies.
2.2.4 The plausibility theory in 2-0 stereophony
Hartmann’s plausibility theory (Hartmann 1990), as discussed previously, can be related 
to localisation of stereophonic reproduction. When both loudspeakers emit the same 
sound, the most plausible explanation of the signals at the ears is that the sound comes 
from the front, as the ILD and ITD will both be zero. Fig. 2.9 shows the signals at the 
ears of the listener when both loudspeakers emit an identical impulse at the same time. 
Signals at both ears are identical, which the brain interprets as a signal coming from a 
single frontal source and well localised. When an ICLD is applied to the loudspeaker’s 
signals, an IPD is created at low frequencies and a complex mix of IPDs and ILDs are 
created at high frequencies. Although the ITD is zero, the IPD and the ILD remain
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plausible: the IPD is plausible and consistent across frequency in the lower frequency 
range, though in this range it is the most effective and perceptually important, but not 
consistent across frequency in the higher frequency range, where it is less effective and 
perceptually important. The ILD resulting from a pure ICLD is generally plausible and 
consistent with a given perceived angle across frequency. Hence, as the IPD and ILD cues 
are plausible and consistent (both with themselves and with each other) across frequency 
in the frequency ranges in which they are more perceptually important, in most cases the 
ITD (which is inconsistent with the IPD and ILD cues) will be discarded by the brain.
When an ICTD is applied to the loudspeaker’s signals, this results in an ILD at low 
frequencies that is both implausible and inconsistent across frequency: at low frequencies, 
the ears, head and torso are too small to absorb, diffuse or reflect much energy of the 
acoustic wave which means that typically ILDs are small. The information given by 
the low frequency ILD created by the ICTD is hence considered to be implausible. In 
addition to that, the frequency-dependent IPD and the non-zero ITD which can be seen 
in fig. 2.8 do not correspond to the IPD and ITD created by a real sound source, as 
the IPD-computed ITD (i.e. the ITD deduced from the IPD) created by a normal sound 
source should be non-zero and have little variation over frequency, as can be seen in eq.
2.1 and eq. 2.2. It might therefore explain why locatedness has been found to be lower 
when using ICTD than when using ICLD.
2.2.5 Localisation curves
Since the 1940s, the relationship between ICTD, ICLD and the perceived azimuth of a 
phantom image have been extensively studied. The set of curves showing the direction of 
a perceived event as a function of ICLD and ICTD on a given loudspeaker setup is called 
a set of localisation curves. Lee compared the work of De Boer, Simonsen, Wittelc and 
himself and showed that Simonsen’s measurements of ICLD for a phantom source’s shift 
of 10°, 2 0° and 30 ° are 2 to 3 dB lower than those of Wittek and Lee ((Simonsen 1984), 
(Wittek 2000), (Lee 2006)) as can be seen in fig. 2.10. The ICLD necessary to perceive 
a phantom source located 20 ° oft-centered according to Simonsen (5.5 dB) relates to a 
phantom source perceived to be 12 ° off-centered according to Lee and Wittek’s research. 
The results of De Boer show a trend in the other direction compared to Simonsen, with 
an ICLD of 5.5 dB relating to a phantom source perceived to be close to 10° off-centre 
(De Boer 1940). Unfortunately, De Boer’s study is not readily available, so it is not 
possible to hypothesise the causes of the difference. However, the results of De Boer are 
closer to those of Lee and Wittek than those of Simonsen, and on average the perceived
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Figure 2.9: Signals at both ears when both 2-channel stereo loudspeakers emit an identical 
impulse at the same time.
offset angle for a given ICLD from De Boer, Lee and Wittek’s work is almost half of 
the perceived angle measured b}7 Simonsen. According to Lee, this is a perceptually 
significant difference. However, the ICTD results of Lee, Wittek and Simonsen seem to 
be quite similar, as can be seen in fig 2.1 1. Simonsen’s results were obtained using only 
two subjects, which is arguably insufficient to obtain reliable results, as Zacharov and 
Bech advise to use 5 to 15 trained subjects for listening tests (Zacharov &  Bech 2006). 
According to Lee, it is not clear where the differences in the localisation of ICLD between 
Simonsen’s results and the results obtained by Lee and Wittek come from, although the 
relatively small number of listeners may have contributed to a bias (Lee 2006).
2.3 S p a tia l cues from  su rro u n d  sound  re p ro d u c tio n  sy stem s
In surround sound reproduction systems, contrary to 2-0 stereo, loudspeakers can be 
placed all around the listener. Although various surround systems have been studied in 
the past, the main surround system used today in home entertainment is the 5.1 surround 
sound system (denoted in this report as 3-2) (BS.775-1 1992).
ICLD localisation curves as a function of the sound source’s angle
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Figure 2.10: ICLD localisation curves as a function of the sound source’s angle. The 
different results shown here were measured by De Boer, Simonsen, Wittek and Lee.
ICTD localisation curves as a function of the phantom source’s angle
Figure 2.11: ICTD localisation curves as a function of the sound source’s angle. The 
different results shown here were measured by De Boer, Simonsen, Wittek and Lee.
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2.3.1 Localisation cues from  a 3-2 stereo system
The 3-2 stereo system is based on the 2-0 stereo setup (i.e. the front left and front right 
loudspeakers are located at ±  30 ° azimuth) and adds a central loudspeaker at 0 0 and 
two rear loudspeakers, positioned symmetrically about the median plane between ±  1 0 0° 
and ±  120°. This system was designed as a three-channel frontal stereo system to which 
two rear channels were added (Rumsey &  McCormick 2005). The positioning of the front 
left and right loudspeakers at +/- 30° to retain compatibility with 2-0 stereo, and the 
use of only 2 surround loudspeakers causes the angle between the two loudspeakers to the 
side and to the rear of the listener to be wider than the angle between the loudspeakers of 
a 2-0 stereo setup. According to Rumsey &  McCormick (2005) and Toole (2008), it was 
found that for frontal stereo, the ideal subtended angle between two loudspeakers is 60°, 
as a wider angle produces less stable phantom images. It might therefore be expected 
that an angle of 80°, as can be found to the side of the listener in the 3-2 system, is too 
large to enable stable phantom images.
In addition, according to Blauert (1996), the localisation blur when auditioning a 
single sound source increases when the source is located to the side of the listener.
Theile &  Plenge (1977) showed b}' using two loudspeakers spaced by 60° that the 
localisation curves differed depending on the position of the loudspeakers in relation to 
the listener, as can be seen in fig. 2.12 and fig. 2.13. These localisation curves also 
showed that the localisation confidence intervals were larger when the loudspeakers were 
located to the side of the listener, indicating a greater variability in the results. The 
larger angle on the 3-2 system, the general larger localisation blur, and the positioning 
of one loudspeaker in the front hemisphere and the other in the rear hemisphere might 
explain the high localisation ratings variance to the side of the listener on the 3-2 system.
In addition, Theile and Plenge also assume that the localisation curves that would 
be measured to the rear of a listener would be identical to the localisation curves 
measured to the front of the listener for an identical setup (for example, the localisation 
curves measured on two loudspeakers located at +/- 30° would be the same as for two 
loudspeakers located at +/- 150 °): as explained above, the ITD produced by a rear sound 
source is identical to the ITD produced by a frontal sound source located symmetrically 
around the interaural axis. It means that in order to get a localisation as precise to the 
front than to the rear of the listener, it is necessary for the system to be symmetrical 
around the interaural axis. However, the rear loudspeakers of a 3-2 system are located 
at +/- 1 1 0°, meaning that the angle between those two loudspeakers is higher than 
60°, which is expected to produce less stable sound images, if the perceptual rules of
Lateral localisation curve
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Figure 2.12: Localisation curve and 95 %  confidence intervals as a function of ICLD for 
two loudspeakers located at -60 and -120 degrees, after Theile &  Plenge (1977)
Front localisation curve
ICLD(dB)
Figure 2.13: Localisation curve and 95 %  confidence intervals as a function of ICLD for 
two loudspeakers located at -30 and +30 degrees, after Theile &  Plenge (1977). Fewer 
ICLDs values were tested by Theile and Plenge for this condition, as the main aim of 
their experiment was to study stereo localisation to the side of the listener.
CH APTER 2. LOUDSPEAKER-BASED REPRODUCTION OF SOUND 31
localisation are similar to the rear of the listener as to the front of the listener.
If we extend the analysis in the previous section to two loudspeakers located at angles 
specified as a and /?, it can be seen that the rule of transformation of ICTD into ILD 
and ICLD into IPD found above is not true for all loudspeaker arrangements.
Let us consider a sinusoidal signal sent to two loudspeakers located at a and /3. The 
signal sent to the /3 loudspeaker is delayed by <$o/27r/, where / is the frequency of the 
signal, and a linear gain of go is applied to it. W e  have
sql =  se~j*aL\AaL(f)\ (2.24)
saR =  s e ~ ^ R \AaR(f)\ (2.25)
S/3L =  9ose~j^0e~jq>^ L\ApL (f)\ (2.26)
s/3R =  gose~j^ ae~:>qf^ R \ApR (f)\ (2.27)
where saR is the signal at the left ear from the a loudspeaker, saR is the signal at the 
right ear from the a loudspeaker, spR is the signal at the right ear from the /3 loudspeaker 
and spR is the signal at the left ear from the @ loudspeaker, and \Axy{f)\ and are 
the level and phase difference between the X  loudspeaker and the Y  ear.
At low frequencies, we can make the approximation |AG.£,(/)| =  |Aai?(/)| =  
\ApL(f)\ =  \Apji(f)\ —  1, since there is no shadowing effect from the listener’s head.
Therefore,
SaL +  S/3L =  SL =  s(e~^aL +  goe~jQ?oe~:iq?0L) (2.28)
S a R  +  spR =  s R =  s(e~jq?aR +  g0e~jipoe~ji^ R) (2.29)
From these equations, no rule of transformation of ICLD into IPD or ICTD into ILD 
can be deduced. Each case therefore needs to be studied individually, with a tool like 
Mason’s, described above. As can be seen in fig. 2.14 and 2.15, and as was discussed in 
section 2.2, the ITD and ILD at the listener’s ear when an ICLD is generated between 
the two loudspeakers of a 2-0 stereo configuration is consistent with the auditioning of 
a single sound source. However, as shown in fig, 2.16 and 2.17, ILD varies little when 
a phantom image is panned between the two side loudspeakers of a 3-2 loudspeaker
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Figure 2.14: ILD as a function of ICLD when the ICTD between the two 2-0 loudspeakers 
is zero, modelled using Mason’s model..
configuration, and ITD is maximum (0.55 ms, which is lower than the ITD generated 
by auditioning a single sound source located 90° off-centre, 0.63 ms) when the ICLD is 
maximum, meaning that the highest ITD is obtained when the sound signal is panned in 
the rear loudspeaker. The binaural cues created by a single sound source 90° off-centre 
are therefore not reproducible on such a system.
As a contrast, Mason’s model shows us that for two loudspeakers located at 45 ° and 
90°, ICLD changes the IPD from -16° to -24° at 100 Hz. If we convert IPD in ITD 
using a rearrangement of eq. 2.3, we find that the ITD-equivalent of these IPDs is from
0.4444 ms to 0.6667 ms, as can be seen in fig. 2.18 and fig. 2.19.
Based on the results discussed in section 2.1.1 that an ITD of approximately 0.630ms 
is sufficient to fully lateralise a phantom image in binaural hearing, it may be expected 
that the resulting ITD of 0.6667ms would be sufficient to position the sound image to 
the side of the listener.
According to Theile &  Plenge (1977), a quadraphonic loudspeaker setup (having a 
similar number of rear loudspeakers, but with slightly different positioning) does not 
permit an “all round effect” because of the poor localisation to the side of the listener. 
They hypothesise that it is partly caused by the symmetrical position of the loudspeakers 
around the interaural axis without having any loudspeaker on this axis. Similarly, Martin
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Interaural time difference derived from phase plotted when 
interchannel time difference = 0 ms
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Figure 2.15: ITD deduced from IPD, as a function of ICLD when the ICTD between the 
two 2-0 loudspeakers is zero, modelled using Mason’s model..
Interaural level difference plotted when interchannel time difference = 0 ms
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Figure 2.16: ILD as a function of ICLD when the ICTD between the two side loudspeakers 
of the 3-2 configuration (i.e. loudspeakers 30° and 110° off-centred) is zero, modelled 
using Mason’s model..
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Figure 2.17: ITD deduced from IPD, as a function of ICLD when the ICTD between the 
two side loudspeakers of the 3-2 configuration is zero, modelled using Mason’s model..
et al. (1999) showed that localisation to the side of a 3-2 system was less precise than 
to the front of a 3-2 system, the localisation curves having a higher variance and the 
perceived position of phantom sources being unstable, as can be seen in fig. 2.20 and 
2.21. Theile and Plenge also showed that the localisation curves measured to the side 
of the listener on 60 “-spaced loudspeaker systems had a higher variance than those 
measured for two 60 “-spaced loudspeakers located symmetrically around the median 
plane. Theile’s experiment also showed that having a loudspeaker located at 90° off- 
centre provided a localisation curve with less variance than if the two loudspeakers are 
to each side of the interaural axis, even in the case where both loudspeakers would not 
be located symmetrically around the interaural axis. It can be thought that the reason 
for this smaller variation is the larger ITD created by a sound source 90 ° off-centre, as 
seen above. Because of this, the location of the loudspeakers to the side of the listener 
on a 3-2 loudspeaker system are not recommended for a precise 360 ° sound reproduction 
on the horizontal plane.
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Figure 2.18: ILD at the listener’s ears as a function of ICLD and frequency on a system 
using two loudspeakers located at 45 and 90 degrees, modelled using Mason’s model. A 
negative ICLD means that the front loudspeaker (45 degrees of-centre) is louder than the 
side loudspeaker.
2.3.2 The effects of crosstalk
In the previous section, surround sound localisation was discussed considering only two 
adjacent active loudspeakers. However, in surround sound recording, more than two 
loudspeakers can be active at the same time depending on the recording technique: for 
example a sound might be recorded by more than two microphones at the same time. The 
reproduction of coherent signals over more than the closest adjacent pair of loudspeakers 
is referred to as crosstalk, and can also be considered to be inversely related to channel 
separation (Rumsey &  McCormick 2005). According to Blauert (1996), crosstalk can be 
analysed as a direct sound (the sound arriving the earliest at the listener’s ears) plus 
multiple reflections, arriving at the listener’s ear at different levels and with different 
delays.
To localise a sound image produced by several coherent sound sources, the brain takes
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Figure 2.19: ITD deduced from IPD at the listener’s ears as a function of ICLD and 
frequency on a system using two loudspeakers located at 45 and 90 degrees, modelled 
using Mason’s model.
into consideration all the coherent components of the sound that arrive within up to a 
few milliseconds after the first component (Blauert 1996). Hence in the case where all 
loudspeaker signals are coherent, all the signals contribute to the sound image position 
and width. Damaske (1967) studied the effect of crosstalk when four loudspeakers located 
at +/-45° and -+/-135 ° emit undelayed signals with different levels of coherence. The 
less coherent the signals were, the wider the sound image was perceived. According to 
Blauert, if the reflections are delayed by more than a few milliseconds1 (between 1.5ms 
and 5ms, depending on the type of source signal), the reflections are inhibited. The case 
of a direct sound and a reflection can be compared to two coherent sound sources or two 
loudspeakers emitting coherent signals, one of the sound sources (the equivalent of the
1The echo threshold, i.e. the ICTD and ICLD that cause a reflection to be perceived as an individual 
sound source, is not considered in this chapter, as the minimum ICTD for an echo to be heard, usually 
varying from 40ms to 80ms depending on the type of signal, is larger than the ICTD that will be created 
by most microphone techniques.
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Extent and median perceived angles as a function of ICLD 
between the centre and the front right loudspeaker of a 3-2 system
Figure 2.20: Lowest, median and highest perceived sound image angle as a function of 
ICLD, between the centre and front right loudspeaker of a 3-2 system, after Martin et al. 
(1999).
reflection) being delayed and attenuated. When the ICLD and/or the ICTD between the 
direct sound and a reflection (or between the two loudspeakers) is too small, the resulting 
sound image is localised between the sound sources, as was discussed in section 2.2.
The law dictating the position of a sound image as a function of the sound sources’ 
characteristics (position, spectral and temporal content, level, delay) is the law of the 
first wavefront (Blauert 1996). Summing localisation could therefore be considered as an 
extreme case of the law of the first wavefront, where the influence of the reflection on the 
perception of the sound image is not negligible.
Whilst the effects of crosstalk on sound localisation have been subject to debate in 
the field of sound recording, little detailed research has been conducted (Lee 2006). Lee 
studied the effect of crosstalk in a Left-Centre-Right (LCR) loudspeaker configuration,
i.e. using the three front loudspeakers of a 3-2 system and associated three-channel 
microphone techniques. Lee found that crosstalk has an influence on source width and 
locatedness. Lee showed that a source of crosstalk causes an increase in source width and 
decrease of locatedness, and that this effect is stronger when the position of the sound
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Extent and median perceived angles as a function of ICLD 
between the front right and the rear right loudspeaker of a 3-2 system
Figure 2.2 1: Lowest, median and highest perceived sound image angle as a function 
of ICLD, between the front right and the rear right loudspeaker of a 3-2 system, after 
Martin et al. (1999).
image is mainly defined by ICTDs. However, Lee limited his study to small ICTDs, as 
will be shown in chapter 4, and to only three channels, meaning that only one channel 
was a source of crosstalk.
Crosstalk with a large (if not infinite) number of reflections and large ICTDs has been 
studied in the form of perceptual evaluation of room acoustics. According to Griesinger 
(1999), sound sources recorded in different rooms would be perceived as having different 
source width, though the exact relationship between the source width and the room 
acoustical parameters has been subject to discussion.
The perceptual effects of crosstalk when the number of sound sources is limited and 
the ICTDs vary between zero and ten milliseconds is not yet known, and likely to depend 
on the position of the sound sources. It will therefore be necessary to look into any change 
in localisation or source width as a function of crosstalk when designing microphone 
arrays for a new loudspeaker array.
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2.3.3 Developm ent of a new loudspeaker array
As discussed above, a precise 360 ° reproduction on the horizontal plane should therefore 
require a loudspeaker system that is symmetrical around the median plane and in order 
to successfully reproduce stimuli at ±  90° it requires loudspeakers positioned on the 
interaural axis, to each side of the listener. A  subtended angle of 60 ° or less is required 
for stable localisation. Hence, an arrangement of loudspeakers in the layout of any 
regular polygon with a even number of corners equal to or greater than 6 could verify 
these requirements. Theile &  Plenge (1977) proposed an hexagon loudspeaker array. 
However, on this array, there is no central loudspeaker, which can be a problem for off- 
centred listeners, especialfy if the front is presumed to be most perceptually prominent 
(as for the majority of current recorded material). Therefore, it is assumed that a 
loudspeaker system aiming at a precise 360 ° reproduction on the horizontal plane should 
use loudspeakers located in the median plane and on the interaural axis. This is why it 
was chosen in this project to use an octagonal loudspeaker array.
This increases the number of channels used for sound reproduction, thus making it a 
compromise between the systems t}'pically used by Higher Order Ambisonics (Bertet et al. 
2009) and those used in multichannel stereophony. According to Bertet, eight channels 
can reproduce from first to third order ambisonics. This octagon loudspeaker array can 
therefore be used either for reproduction of stereophonic recordings or for Ambisonics. 
Whilst the requirements for Wave Field Synthesis (WFS) (Berkhout 1988) reproduction 
are not fulfilled by this loudspeaker array, current studies on W F S  attempt to generalise 
W F S  to systems using spaced loudspeakers (Corteel et al. 2008). In addition, circular 
loudspeaker arrays have previously been used for W F S  reproduction (Daniel et al. 2003), 
an octagon loudspeaker array is therefore a possibility for W F S  reproduction.
The localisation capabilities of the octagon loudspeaker array introduced in this 
project should however be compared to the localisation capabilities of the 3-2 system: 
while this chapter has shown why the octagon loudspeaker array is believed to offer more 
precise sounds all around the listener, this assumption should be tested.
2.4 S u m m ary
Binaural localisation is a complex process which lias been extensively studied and is 
now partly understood. When listening to a single source, ILD, ITD, IPD and spectral 
cues are the main localisation cues used bty the brain. ITD (and as a result, IPD) as a 
function of the acoustic wave’s incidence angle is proportional to a frequency dependent
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sine function. The relationship between either ILD or spectral cues and the sound source’s 
direction is more complex, as it depends on the absorption, reflection and diffusion of 
the acoustic wave by the listener, itself dependent on the geometry of the shape of the 
listener’s ear, head and torso. For low frequencies, IPD can be useful for any type of 
signal, and for high frequencies, ITD is deduced from the envelope of the signal and hence 
is relevant only for non-stationary signals. The plausibility theory makes the hypothesis 
that in case of conflict between the localisation cues, the brain uses the most plausible 
cues.
However, stereophonic localisation is still insufficiently understood. Localisation 
curves have been measured in different conditions, and the plausibility theory may 
explain the way in which cues are combined in localisation perception, but further 
experimentation is required for a complete understanding. 2-0 stereophonic localisation 
is simpler at low frequencies, where it was shown that a pure ICLD (i.e. without ICTD) 
leads to a pure IPD at the listener’s ears (i.e. little ILD, similar to auditioning a single 
sound source), and where a pure ICTD leads to both ILD and IPD changes (which 
differ from auditioning a single source). ICTD generally leads to less accurately located 
auditory events, as the ILD resulting from ICTD can sometimes pull the phantom source 
in the direction of one or the other loudspeaker. Surround stereo localisation can however 
not be generalised in as simple a manner as 2-0 stereo, and each case must be studied 
separately.
The prediction of the perceived direction of a sound event on a particular loudspeaker 
configuration can be made from localisation curves, which specify, for a given loudspeaker 
configuration and a given type of signal, where an auditory event can be perceived, as a 
function of the ICLD and ICTD.
Localisation curves have been measured for surround stereophony in a few different 
configurations: to the side of an hexaphonic loudspeaker array, as well as to the side 
and rear of a 3-2 stereo system. These showed that localisation capabilities on such a 
system when using interchannel time or level differences are poor. This might be caused 
by the larger angle between loudspeakers to the side and rear of the listener and by the 
absence of loudspeaker 90 ° off-centre capable of creating large enough ITD to produce 
well located phantom images to the side of the listener.
The 3-2 loudspeaker array was shown to produce less precise sound localisation to the 
side of the listener compared to the front. In order to solve this issue, a new loudspeaker 
array has been proposed, using 8 loudspeakers located at the corners of a regularly- 
spaced octagon, and arranged so that loudspeakers are located on the interaural axis. It 
is however necessary to compare the localisation capabilities of the octagonal loudspeaker
C H A P T E R  2. L O U D S P E A K E R - B A S E D  R E P R O D U C T I O N  O F  S O U N D  
array to the localisation capabilities of the 3-2 system.
Chapter 3
Comparison of the localisation 
performance of a 3-2 system and an 
octagon system
3.1 In tro d u c tio n
The previous chapter described the advantages of 3-2 surround sound compared to 2-0 
stereo, but also highlighted its limitations for localisation at the side and rear of the 
listener. As an alternative for 360 0 sound reproduction around the horizontal plane, an 
8-channel setup has been proposed where the loudspeakers are placed at each corner of 
a regular octagon around the listener, as can be seen in fig. 3.1. As discussed in the 
previous chapter, this is expected to achieve an improvement over the 3-2 system in terms 
of localisation accuracy, localisation ease and homogeneity of the system. The localisation 
ease is an indication of how easy it is for a phantom source, depending on the source 
signal and inter channel differences, to be localised. As for homogeneity, a sound system 
is considered as homogeneous if phantom sources have similar characteristics anywhere 
around the listener (similar localisation variability, similar width, ...).
An experiment was designed to test this hypothesis. It compared both systems’ 
capabilities in terms of two spatial attributes: the localisation and the ease of localisation 
capabilities of each system. This chapter therefore aims at answering the following 
questions:
• Can the 3-2 loudspeaker system reproduce sounds in any direction around the 
listener on the horizontal plane?
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Figure 3.1: The octagon loudspeaker setup used in the experiment.
• How does it compare to the octagon loudspeaker array introduced in the previous 
chapter?
The first section of this chapter introduces the experimental set-up used in both a 
pilot experiment and in the main experiment. The pilot experiment, used to evaluate the 
method and select the most consistent listeners, is described and the results are displayed. 
The main experiment is then described, and the results are discussed in comparison to 
those derived previously for other loudspeaker layouts.
3.2 E x p e rim e n ta l design
3.2,1 Equipm ent and acoustic conditions
The experiment took place in the Institute of Sound Recording’s studio 2 floor, a room 
with a short reverberation time (RT60 =  0.27 seconds measured as recommended in BS 
E N  ISO 3382 (2000)) and generally used for pop music recordings. A  central point in 
the room was chosen to be the listening position of this experiment.
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. . . . . . . .  3-2 stereo system
-------------- Loudspeaker shared by both systems
Figure 3.2: The loudspeaker setup, composed of both the ITU and the octagon system.
A set of twelve Beolab 3 loudspeakers were used. Each loudspeaker was placed two 
meters away from the listening position, 80 cm above the floor. The reference angle of 
zero degrees was set to be to the front of the listener. Two systems were set up, a 3-2 
surround sound system and an 8-channel reproduction system. For the former system 
loudspeakers were positioned at -112.5°, -30°, 0°, 30° and 112.5° while for the latter 
loudspeakers were positioned at -135°, -90°, -45°, 0°, 45°, 90°, 135° and 180°, the 
front centre loudspeaker (i.e. the loudspeaker positioned at 0 °) was therefore used by 
both systems, see fig. 3.2.
An acoustically transparent but visually opaque curtain was placed between the 
listener and the loudspeakers in order to reduce the influence of visual cues on the results. 
On this curtain, markers indicated reference angles every 45°. Because of the interface 
used and because of the angles that we generally most easily visualise, these angles were 
chosen to be those of the octagon. This may have caused some bias, but as will be 
shown, the results indicated that the quantization due to the markers and the interface 
was limited.
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3.2.2 Selection o f stimuli
Each stimulus consisted of a sound signal panned using Pulkki’s Vector-Based Amplitude 
Panning (VBAP) algorithm for M A X / M S P  (Pulkki 2009) on either the ITU system 
or the octagon system. V B A P  is an algorithm used to estimate what ICLD should 
be applied between two loudspeakers to produce a sound image that appears to be 
coming from an intended direction. V B A P  allows the user to specify a loudspeaker 
configuration and only uses pairs of adjacent loudspeakers. As discussed in the previous 
chapter, the ICLD between pairs of loudspeakers has been reported to lead to more easily 
localisable phantom sources than ICTD (Martin et al. 1999). V B A P  is therefore expected 
to represent the most easily localisable sound events that can be achieved on these 
loudspeaker systems through stereophonic microphone techniques. (Pulkki 2001) showed 
that the phantom source direction estimated by the algorithm for a given ICLD when the 
loudspeakers are close to the median plane is similar to the the phantom source direction 
perceived by the listeners in the same conditions. However, when the loudspeakers are 
located to the side of the listener, the estimated phantom source direction seems to be 
biased towards the median plane. Fig. 3.3 shows an example of the difference between 
the phantom source direction perceived by the listeners and that estimated by V B A P  
for two different loudspeaker configurations. In spite of this bias, it is assumed that if 
a sufficient range of angles (i .e. a sufficiently wide range of ICLD values) are tried, it 
should still enable a good overview of the systems’s capabilities: the more intended angle 
sampling points, the smaller the gaps between the perceived angles, even if the perceived 
angles do not correspond to the intended angles. A  smooth localisation curve should 
therefore be obtainable. In addition to that, more sampling points for the perceived 
angles means more sample points for the ease of localisation. The ease of localisation 
curves therefore gain from a higher resolution too.
The two reproduction systems were a 3-2 system and an 8-channel regular octagon 
system. Both systems are depicted in Figure 3.2.
One of this experiment’s aims was to compare both systems’ localisation homogeneity. 
It was therefore necessary to choose a set of regularly spaced intended phantom source 
angles. It was also assumed that the localisation of phantom sources would be easier for 
the listener when only one loudspeaker would be emitting sound, as this would involve 
localisation of a single real source, as described in chapter 2. It was therefore decided, 
in order to evaluate listener’s consistency, to use angles that would match some of the 
loudspeaker’s positions. In order to limit the time needed to complete the experiment, 
and therefore reduce any tiredness effect, it was decided to use 32 regularly-spaced
CHAPTER 3. LOCALISATION COMPARISON 46
Differences between phantom source direction 
estimated by VBAP and perceived by the listener
O
O to
Phantom source position estimated by VBAP 
( } Phantom source position perceived by the listener
Figure 3.3: Difference between the phantom source direction perceived by the listeners 
and that estimated by V B A P  for botli a frontal loudspeaker configuration and a side 
loudspeaker configuration. As can be seen, the estimated direction to the front of the 
listener matches the perceived angle, while to the side of the listener, the estimated 
direction is closer to the front of the listener than the perceived direction (Pulkki 2001).
intended positions of the phantom sources. Eight of these positions overlapped witli 
the positions of the octagon system loudspeakers, but only one of them overlapped with 
one of the 3-2 system loudspeakers (the central loudspeaker). The pertinence of this 
choice is discussed in 3.4.
In order to limit the number of stimuli each listener would have to rate, it was decided 
that each listener would rate only half of the potential panning values. It was expected 
that the results would be symmetrical about the median plane. Hence, the listeners 
judged only half of the possible panning angles. However, using only one side per listener 
might have introduced bias through repetition. Therefore, the side on which the stimuli 
were presented was randomised for each listener, with the stimulus presentation arranged 
across pairs of listeners so that all the conditions were rated an equal number of times and 
comparisons could be made between the two sides to verify the assumption of symmetry 
in the results.
The panning angle of each stimulus was therefore chosen from 0°, 11.25°, 22.5°,
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168.75° and 180°.
The source signals used in the experiment were chosen to contain a range of temporal 
and spectral characteristics; they were female speech, cello, and bongos. The bongo 
sound included many transients, whereas the cello sound contained few transients. As 
discussed in section 2.1, transients are important in auditory spatial perception as they 
are a strong cue for detecting Interaural Time Differences (ITD). Hence the presence 
or absence of these cues in the bongo and cello signals respectively could be used to 
evaluate the importance of these. A  voice signal was also included because of the variety 
of inherent cues: fricatives (noise-like), plosives (transient-like), and voiced sounds (more 
tonal and relatively continuous), offering a large variety of localisation cues.
The stimuli consequently consisted of 3 independent variables: source signal,
loudspeaker system and intended reproduction angle. There was in total 3 source signals, 
2 loudspeaker systems and 16 angles to rate on each side, the side on which each stimuli 
was played being randomised for each listener. In addition to these stimuli, 10 stimuli 
were repeated in order to judge each listener’s consistency. There was therefore a total 
of 106 stimuli that each listener had to rate.
3.2.3 Choice o f perceptual attributes
The principal purpose of the experiment was to compare localisation capabilities between 
the 3-2 surround sound system and the octagon. Therefore, the listeners were asked to 
judge the perceived location of each stimulus. Localisation judgements permitted the 
evaluation of each system’s location homogeneity when using VBAP. The accuracy of 
the localisation is expected to show if the phantom sources are “attracted” towards some 
loudspeakers. Attraction towards loudspeakers would be shown by a positive error for 
angles lower than that of a given loudspeaker and negative error for angles higher than the 
loudspeaker’s. A  loudspeaker system that generates phantom sources perceived mainly 
close to the loudspeakers would be perceived as having “holes” between its loudspeakers: 
a cluster of phantom sources would be perceived around the loudspeakers but little would 
be present in the middle of the loudspeaker segments. It is therefore postulated that a 
good loudspeaker system should permit homogeneous localisation.
In addition to the homogeneity of locations a system could reproduce, this experiment 
aimed at evaluating how easy it was for the subjects to localise the sound events. It was 
decided to use ease of localisation to achieve this evaluation.
Before each subject took part in the experiment, the instructions were discussed in 
order to make sure that the subjects understood the instructions fully. The listeners
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Figure 3.4: User interface used to represent the angles perceived by the listeners.
rated the ease of localisation on a scale of 0 to 127, with the slider labelled at both 
extreme points of the slider: very easy and very hard.
3.2.4 Experim ental procedure
During the experiment, listeners were asked to rate the direction and the ease of 
localisation of one hundred and six different stimuli. The stimuli were reproduced using 
a computer running MaxMSP, which displayed the user interface and rating scales, as 
shown in figure 3.4. The software randomised the order of presentation of the stimuli 
to reduce order effects. The stimuli were looped so that the listeners could take as long 
as they needed to make a judgement. For each stimulus, the listeners first were asked 
to indicate the location of the stimulus when facing forward, although they were free to 
move their head, and then were asked to rate the ease of localisation. The perceived 
direction of each stimulus could then be indicated by the listener by clicking on the user 
interface using a mouse, which displayed a pointer oriented in the chosen direction. Once 
this was done the software moved on to the next stimulus.
3.3 R e su lts  analy sis
The localisation data resulting from the experiment were judgements of the perceived 
azimuth as an angle on a scale of 0° to 360°. In order to avoid scale discontinuities 
and to convert the data onto a single hemisphere (based on the assumption of left/right 
symmetry discussed above), translation was needed. Initially, the data were translated
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onto a scale which spanned -180° to 180° , with 0 ° remaining as directly in front of 
the listener. The localisation data that corresponded to stimuli played on the left hand 
side of the configuration were then mapped onto the opposite hemisphere to represent 
the symmetry of the configuration. Finally, perceived angles between -180° and -90° 
were translated to angles between + 180° and + 270° to avoid scale discontinuities from 
causing errors during the statistical analysis (e.g. the mean of + 179° and -179° is 0° 
whereas the intended direction is likely to be 180 °) .
In order to check that the data met the assumptions of parametric statistical 
analysis methods, a Kolmogorov-Smirnov test was carried out for every condition of 
the experiment. A Kolmogorov-Smirnov test check wether the distribution of the data 
is normal. The Kolmogorov-Smirnov test showed that the vast majority of the cases 
were normally distributed (85.31% of the cases). This means that the results are suitable 
for parametric statistical analysis (such as ANalysis Of VAriance, ANOVA, a statistical 
method that compares the means of different experimental conditions, and that assumes 
that the data distribution is normal), which were consequently performed to verify the 
symmetry assumption and to assess the significance of the independent factors of the 
experiment.
A first one-way ANOVA was carried out to check the symmetry assumption. A 
one-way ANOVA is a general ANOVA method that compares several means of several 
datasets. The folded-back perceived angle and ease of localisation were selected as 
dependent variables (i.e. the variables that were rated) and the side on which the stimuli 
were played was selected as the factor (i.e the variable the experiment tested). The 
statistical significance of the ANOVA for the folded-back perceived angle and for ease 
of localisation were respectively 0.685 and 0.440, both above 0.05. This means that the 
side on which the stimuli were played is not a significant factor. Hence, the assumption 
of symmetry was verified.
A multivariate ANOVA was carried out on the data. A multivariate ANOVA is an 
ANOVA method that tests the influence of one or several factors on several variables. In 
this case, it aimed to evaluate the effect of the source signal (denoted later as Source), the 
loudspeaker system used (System) and the intended phantom source direction (aztheo) on 
the ease of localisation and of the phantom source direction’s absolute error (i.e. intended 
source direction minus the perceived source’s direction; this prevents the multivariate test 
from being biased by the perceived angle in an unwanted way, as we expect listeners to 
perceive the sound in a different direction when it is played from a loudspeaker to the 
right compared to when it is played from a loudspeaker to the left). The results are 
shown in table A .l in Appendix A.
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Perceived angle error as a function of the sound system
Sound system
Figure 3.5: Means and associated 95% confidence intervals of the error of the perceived 
angle as a function of the sound system used.
The multivariate test using Pillai’s trace 1 found the interaction between the 
loudspeaker system and the desired direction significant (sig.2 =  0.000, F3 =  8.690 for 
the ease of localisation and sig. =  0.000 and F =  6.568 for the perceived angle), as well 
as the loudspeaker system used (sig. =  0.000, F =  117.950 for the ease of localisation; 
sig. =  0.000, F =  93.971 for the perceived angle) and the desired direction (sig. =
0.000, F =  11.231 for the ease of localisation; sig. =  0.000, F =  7.861 for the perceived 
angle). The other interactions were not found to be significant. This means that the ease 
of localisation and perceived direction of the phantom source should be examined as a 
function of both the intended direction and of the sound reproduction system. However, 
as the F-factor of the test for the loudspeaker system alone was much higher than the 
other F-factors, it is also necessary to study this factor alone, as can be seen in fig. 3.5, 
fig. 3.6 and fig. 3.7.
Fig. 3.8 and 3.9 show the perceived angle as a function of the intended angle for both 
the 3-2 surround sound system and the octagon system. It can be seen that on both
’the test statistic the most often used in multivariate ANOVA, according to Field (2009), used to 
find which combinations of variables have a significant influence on the results.
2Sig. is the significance: the variable generally has a significant influence on the model if sig. < 0.05.
3The F-ration is a measure of how much the model has improved the prediction of the outcome 
compared to the level of inaccuracy of the model (Field 2009)
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Perceived angle absolute error as a function of the system used
Figure 3.6: Means and associated 95% confidence intervals of the absolute error of the 
perceived angle as a function of the sound system used.
Ease of localisation as a function of the system used
System used
Figure 3.7: Means and associated 95% confidence intervals of the ease of localisation as
a function of the sound system used.
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Perceived direction vs intended direction on a 3-2 surround sound system
Figure 3.8: Means and associated 95% confidence intervals of the perceived direction of 
the phantom source as a function of desired direction on the 3-2 surround sound system.
systems, phantom sources tend to be attracted to the loudspeakers (30° and 110° for the 
3-2 surround sound system and 45°, 90°, 135° and 180° for the octagon. Additionally, 
it can be seen that the confidence intervals, i.e. the interval where the true mean has 95% 
chances to be found, remain small independently of the intended angle of the octagon 
system, whereas on the 3-2 surround sound system there is a large variation. This can 
be more clearly seen in fig. 3.10 and 3.11. Whilst the addition of a 180° off-centred to 
a 3-2 stereo system might reduce the errors to the rear of the system, localisation errors 
to the side of the listener would remain larger and with larger confidence intervals to the 
side of the listener.
The multivariate test showed that the type of source signal was not a significant 
factor. It can be seen in fig. 3.12 and fig. 3.13 that the confidence intervals of the 
error and absolute error of perceived angle are similar and overlap for each type of sound 
source.
As not all cases were normally distributed, Kruskal-Wallis analyses were performed 
using both the perceived angle absolute error and ease of localisation as dependent 
variables, performing an analysis separately for the loudspeaker system used, the type of 
source signal and the desired angle. A Kruskal - Wallis test is another method that can 
be used to compare means, but that cannot be used to study the interaction between
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Perceived direction vs intended direction on an octagon system
Intended direction
Figure 3.9: Means and associated 95% confidence intervals of the perceived direction of 
the phantom source as a function of desired direction on the octagon system.
Perceived direction error vs intended direction on a 3-2 surround sound system
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Figure 3.10: Means and associated 95% confidence intervals of the localisation error for
the 3-2 surround sound system in function of the intended angle.
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Perceived direction error vs Intended direction on an octagon system
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Figure 3.11: Means and associated 95% confidence intervals of the localisation error for 
the octagon system in function of the intended angle.
different experimental factors. It showed that the intended angle and the loudspeaker 
system used were significant variables for the ease of localisation and the absolute error of 
localisation (sig. =  0.000 for both ease of localisation and absolute error of localisation). 
In addition, the type of sound signal was not found significant for the absolute error of 
localisation, which confirms the findings of the multivariate ANOVA test (sig. =  0.667). 
However, the Kruskal-Wallis test performed on the ease of localisation showed that the 
type of source signal was a significant variable (sig. =  0.041). Fig. 3.14 shows this 
difference. It can be seen that the confidence intervals still widely overlap, meaning that 
despite the Kruskal-Wallis test, it is likely that the results of this experiment can be 
studied independently of the type of source signal.
It was hypothesised that ease of localisation would be highly correlated to the variance 
of the perceived angle: the more uncertain the position of the phantom source, the more 
spread the results of the perceived phantom source direction would be. In other terms, 
the lower the ease of localisation, the higher the localisation variance.
In order to check this assumption, Pearson’s correlation coefficient was measured 
for the ease of localisation mean versus perceived angle variance. Pearson’s correlation 
coefficient is a measur of how correlated two variables are. The test was found highly 
significant (sig. =  0.000), and Pearson’s correlation coefficient was -0.895, meaning they
T T T T T T T T T T T T T ] T 7
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Perceived angle error as a function of the source signal
Figure 3.12: Means and associated 95% confidence intervals of the error of the perceived 
angle as a function of the sound signal used.
were strongly correlated.
3.4 D iscussion
As can be seen in fig. 3.5 and 3.7, the confidence interval of the error of localisation 
and the ease of localisation were found to be larger for the 3-2 surround sound system, 
as expected, and ease of localisation is rated lower. In addition, fig. 3.6 shows that 
the mean absolute error of the perceived angle is higher on the 3-2 system. Fig. 3.8 
to fig. 3.16 show more details: ease of localisation (highly correlated to the variance of 
the error of perceived angle) is rated higher when the phantom image is intended to be 
perceived close to a loudspeaker. In that case, only one loudspeaker emits sound, which 
explains why it is rated as more easily located. These figures also show that the ease of 
localisation is fairly constant on the octagon system, whereas on the 3-2 surround sound 
system, it drops when the phantom source intended direction is to the side of the listener 
(worst ease of localisation between 70° and 80°, i.e. between both lateral loudspeakers) 
and to the rear (worst ease of localisation above 135°). However, the ease of localisation 
on the 3-2 surround sound system and on the octagon system is similar when the desired 
phantom source’s direction is to the front of the listener.
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It is possible that the angles shown on the curtain and those shown on the interface 
could have biased the listeners. However, whilst this bias towards the marker angles 
is apparent in the results for the octagon system (and shown in Figure 3.19), it is not 
apparent in the results for the ITU system. In fact, an observation of both system’s 
perceived azimuth showed that the perceived direction of a sound event tends towards 
the loudspeaker if the intended azimuth of a sound event is close to a loudspeaker (as 
seen in figure 3.18 and 3.19 and explained in section 3.3).
A potential source of bias was caused by the fact that the listeners’ heads were not 
fixed. They were asked to rate the direction and localisation ease of the sound event 
when facing forward, but the fact that they could freely move their head means that 
they could have been biased by the perception of the event when they moved their head.
3.5 C onclusion
This experiment measured the perceived azimuth and the ease of localisation for both a 
3-2 surround sound system and an octagon array of loudspeakers. It was found that the 
error of perceived azimuth and the ease of localisation were more consistent across the 
range of angles tested for the octagon than the 3-2 surround sound system. On the latter 
system, the sound events intended to be perceived between 70 and 80 degrees are generally 
perceived less precisely than the front area. Angles above 135 ° are also perceived to have 
a vague location. This shows that for the 3-2 loudspeaker system, when using ICLDs, 
localisation to the side and the rear of the listener is difficult and sources can be unstable 
- as the variability of the perceived angle to the side and to the rear of the listener is larger 
than to the front. The system is therefore not homogeneous. However, the localisation 
capabilities of the octagon system are much better than the 3-2 system: the ease of 
localisation was rated high for phantom sources all around the listener and the perceived 
angles were more evenly spread around the listener than on the 3-2 loudspeaker system. 
The octagon loudspeaker configuration is therefore suitable to reproduce reasonably well 
located sounds all around the listener. Because of this, the octagon loudspeaker array is 
used for the rest of this report. It is therefore necessary to design microphone arrays to 
capture the sound that will be reproduced on this loudspeaker array.
Perceived angle absolute error as a function of source signal
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Source signal
Figure 3.13: Means and associated 95% confidence intervals of the absolute error of the 
perceived angle as a function of the sound signal used.
Ease of localisation as a function of source signal
Figure 3.14: Means and associated 95% confidence intervals of the ease of localisation as
a function of the sound signal used.
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Ease of localisation vs intended direction on a 3-2 surround sound system
Intended direction
Figure 3.15: Means and associated 95% confidence intervals of ease of localisation for the 
3-2 surround sound system in function of the intended angle.
Ease of localisation vs intended direction on an octagon system
Figure 3.16: Means and associated 95% confidence intervals of ease of localisation for the
octagon system in function of the intended angle.
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Scatterplot of mean ease of localisation versus 
perceived angle standard deviation
Perceived angle std
Figure 3.17: Scatterplot of error of perceived angle variance versus ease of localisation 
mean. The line corresponds to the resulting regression equation.
Figure 3.18: Attraction of the perceived sound events to the direction of loudspeakers.
C H A P T E R  3. L O C A L I S A T I O N  C O M P A R I S O N 60
Sound loartc 2
.2 9°-
157
T T I T T T T T T T T T T T T T° k < w » ;s < b r v w « ^ b f * V w y, P, ' ^ P 6 M O w t O w i O v n O K j  wi nj o ni wi
Theoretica l azim uth
Figure 3.19: Attraction of the perceived sound events to the direction of loudspeakers.
Chapter 4
Stereophonic microphone techniques
The previous chapter evaluated the localisation capabilities of two different loudspeaker 
arrays when phantom sources were manipulated using Interchannel Level Differences 
(ICLDs). It showed that the 8-channel system designed in chapter 2 can produce phantom 
images that are more easy to localise and are more accurately localised to the side and 
to the rear of the listener than on the 3-2 system. Systems such as those compared can 
be used to either play synthesised or recorded sounds. In the latter case, the recording 
technique needs to be carefully chosen according to the sound engineer’s /  producer’s /  
musician’s intentions and microphone array design can help doing so.
In order to design an 8-channel microphone array, an understanding of the basics of 
stereo microphone array design is necessary. This chapter will present the principles of 2- 
0 stereo recording: how 2-channel microphone techniques can be used to create a spatial 
image, how localisation curves can be used to help in the design of microphone arrays, 
what examples of common 2-channel microphone techniques can be found and on what 
basis these have been developed. Then, this chapter will discuss surround microphone 
techniques: how surround microphone techniques create a spatial image, what questions 
and what problems arise when undertaking a 3-2 recording in comparison to 2-0, what 
examples of surround array designs can be found and on what basis have they been 
developed.
61
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4.1 2-0 stereo m icrophone techniques
4.1.1 Creation o f stereo im aging of a  single source in an anechoic room  
via m icrophone techniques
Chapter 2 showed that phantom images can be created between two loudspeakers by 
sending correlated signals to each loudspeaker that differ only in level and /  or time. 
Similar differences are created between two microphone signals if those microphones are 
in an anechoic room where a single acoustic wave is emitted by each sound source. The 
same principle is applied to non-anechoic rooms. However, in this latter case, the two 
microphone signals are less correlated because the ICTD and ICLD produced by the 
direct sound differs from the ICTD and ICLD produced by each of the room reflections.
In the case of a unique sound source, it is possible to record this source with spot 
microphones - i.e. microphones used to record a particular part of the audio scene 
in order to control it independently from the rest of the audio recording - which can 
be electronically positioned (panned) between two channels by introducing interchannel 
level and/or time differences, as discussed in chapter 3.
It is also possible to use a microphone array of two microphones to record a whole 
auditory scene, the positioning and directivity characteristics of which inherently give 
rise to interchannel time and level differences that cause the position of a sound source 
with respect to the microphone array to affect the perceived position of the reproduced 
sound. The microphone signals can then be routed directly to the two loudspeakers or 
processed in a mixing desk or a Digital Audio Workstation (DAW) before being routed 
to the loudspeakers. It is possible to combine different microphone techniques, such as 
spot microphones and a main microphone array, or two main microphone arrays having 
different characteristics (for example, at different distances from the source). This chapter 
will however only discuss main microphone arrays.
A position-dependent delay can be created between microphone signals by spacing 
them apart. This results in a position-dependent difference of acoustic path between 
the sound source and each microphone. If the microphone signals are fed separately 
to each loudspeaker, an ICTD results, and these cues can be manipulated by changing 
the distance between the microphones. If a sound source is equally distant from two 
microphones, the acoustic wave will arrive at the same time at both microphones and 
the ICTD will therefore be zero. However, if there is a difference of acoustic path of 
length d, the acoustic wave will arrive with a difference of time equal to t  =   ^ seconds, 
where c is the speed of sound in air.
ICLD is created as both a function of the difference in length of the acoustic path
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between the sound source and each microphone and the microphone’s directivity and 
orientation.
According to (Everest & Pohlmann 2009), a sound source is considered as emitting 
a spherical sound wave if the observation distance is further than five times the largest 
dimension of the sound source. If D i and D 2 are the distances from a sound source 
to each of two microphones, the difference of level arriving at the microphones for a 
spherical acoustic wave will be:
LdB — 20 * logiQ(D 2) — 20 * logio(D i) (4.1)
From this equation, it can be deduced that if the sound source is at least ten times 
further than the distance between microphones, the difference in level will be less than 1 
dB and therefore not have a large influence on the ICLD. The main cause of the ICLD is 
therefore the microphone’s directivity or polar pattern. The microphone’s directivity is a 
measure of its sensitivity to a given acoustic wave’s incidence angle at a given frequency. 
It is dictated by the design principle of this microphone. Common directivities include 
omnidirectional, cardioid, sub-cardioid, super-cardioid and figure-of-eight capsules, see 
fig. 4.1 to 4.5 for more detail on these directivities and their mathematical definitions. For 
these figures, directivity is shown as a function of incidence angle 9. For any incidence 
angle (0 0 being to the right of the plot and meaning that the sound comes from the 
front of the microphone; angles are indicated around the polar pattern), the microphone 
sensitivity is indicated by the curve. Unless specified, the curve always shows a positive 
value between 0 (i.e. the microphone does not capture anything from this direction) 
and 1 (i.e. the microphone capture sound at its maximum sensitivity in this direction). 
In some specific cases, a part of the microphone’s directivity is phase-inverted, meaning 
the sensitivity will still vary between 0 and 1, but the signal’s waveform captured by 
the microphone over a specific range of angles will be phase-inverted compared to the 
sound capture from 0°. These cases are indicated by a in the part of the microphone 
directivity where phase-inverted signals are captured, and a “+ ” in the rest of the figure.
Practicalities of microphone construction mean that the actual directivity of a 
microphone may differ from the ideal model. Common behaviour includes a tendency to 
behave as omnidirectional microphones at lower frequencies, where the wavelength of the 
acoustic waves is large, and as directional microphones at high frequencies, where the size 
of the microphone becomes significant compared to the wavelength of the acoustic wave 
(Rumsey & McCormick 2005). However, according to (Rumsey 2001), the directivity of 
omnidirectional and figure-of-eight microphones tends to be more homogeneous across
Linear gain of an omnidirectional capsule as a function of incidence angle
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Figure 4.1: Ideal directivity pattern of an omnidirectional microphone. level((9) — 1.
all frequencies, compared to subcardioid, cardioid and supercardioid microphones which 
display a greater variability in the directionality over frequency.
If a pair of directional (i.e. non-omnidirectional) microphones are oriented in different 
directions, and the microphone signals are fed separately to each loudspeaker, an ICLD 
results, and the range and pattern of these cues can be manipulated by changing the 
directivity pattern and orientation of the microphones.
Therefore, changing the spatial relationship between the microphones and the source 
as well as the microphones’ directivities and orientation changes the ICLD and/or the 
ICTD which alters the perceptual properties of the auditory events created when playing 
back the microphone signals on loudspeakers. This forms the basis of two-channel 
stereophonic microphone techniques.
4.1.2 Localisation curves and microphone array design
For a given microphone array using two microphone capsules, the distance between the 
microphones, the microphones’s directivities and their orientation are known. For a 
chosen position of a sound source in relation to the microphone array, it is therefore 
possible to compute the ICTD and ICLD between the microphone signals. Using 
localisation curves such as those described in section 2,2.5, it is possible to predict the
Linear gain of a subcardioid capsule as a function of incidence angle
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Figure 4.2: Ideal directivity pattern of a subcardioid microphone. level(0) =  0.7 -I- 0.3 * 
cos(0).
Linear gain of a cardioid capsule as a function of incidence angle
Figure 4.3: Ideal directivity pattern of a cardioid microphone. level(0) =  0.5 * (1 +
cos(0)).
Linear gain o f a supercardioid capsule as a function of Incidence angle
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Figure 4.4: Ideal directivity pattern of a supercardioid microphone, level(0) — 0.37 -fi 
0.63 * cos(0).
Linear gain of a figure-of-eight capsule as a function of incidence angle
Figure 4.5: Ideal directivity pattern of a figure-of-eight microphone. level(0) =  eos(0).
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microphone array localisation profile, sometimes refered to as the microphone array’s 
localisation curves. Because of the double meaning of the term localisation curves, in 
this report, the plot estimating the phantom image perceived angle as a function of 
the sound source’s direction for a given microphone array will be called the localisation 
profile, and the term localisation curve will be used exclusively to describe the relationship 
between the ICLD and/or the ICTD and the perceived sound source direction for a given 
loudspeaker setup.
In order to create a localisation profile, it is necessary to define a distance ds- m 
between the sound source and the centre of the microphone array. A reference level is 
given to the acoustic signal emitted by the sound source. The value of this reference 
level can be arbitrary, as it is only used to compute the differences of level between each 
microphone of the array. For any angle 0SOUrce of the sound source around the microphone 
array, it is then possible to compute the level of the signal recorded by each microphone 
of the array as a function of attenuation through propagation of the wave and attenuation 
through the directivity of the microphone, as seen in the previous section. The delay 
<5s-m between each of the microphones and the sound source can also be computed using 
the formula 5s_m =  ds_m/c . Using these signal levels and delays, it is then possible to 
compute the ICLD and ICTD between each pair of microphones and to estimate, using 
localisation curves, the perceived phantom source position.
However, the localisation profile is a complex way to define a microphone technique’s 
spatial distortions, as it does not quantify each microphone array with a single figure. 
In order to simplify the quanification of a microphone technique’s spatial distortions, 
Williams defined the Stereophonic Recording Angle (SRA) as “the angle corresponding 
to the portion of space in front of the microphone array that produces, when played 
back on a 2-0 loudspeaker system, phantom sources perceived between the loudspeakers” 
(Williams 1990).
W ittek & Theile (2002) compared localisation curves measured by Leakey, Mertens, 
Simonsen and Sengpiel and found differences between these, as discussed in chapter 
2. The measured SRA or the measured microphone array localisation profile therefore 
depends on the localisation curves used. According to Wittek, the differences are greatest 
for phantom source shifts above 75% 1. However, as seen in chapter 2, the difference 
between the localisation curves measured by De Boer, Simonsen, W ittek and Lee was
1 (Theile 2001) assumes that the phantom image shift could be expressed in terms of percentage: if 
an ICLD causes a sound source to be shifted by 10 ° when the loudspeakers are positioned 30 0 to each 
other (i.e. 33% of the distance from centre to side), the same ICLD will cause the same sound source to 
be shifted by 20 0 when the loudspeakers are positioned 60 ° to each other (i.e. still 33% of the distance 
from centre to side).
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fairly constant - except for De Boer’s ICTD measurements, as discussed in chapter 
2, Additionally, W ittek argues that with most 2-0 stereo microphone techniques, the 
relationship between the sound source’s direction and the resultant phantom image’s 
perceived direction is fairly linear for phantom image angle shifts lower than 75%. 
Comparing the localisation profiles of different microphone techniques having the same 
100% SRA, W ittek found that the shape of the localisation profile varied greatly. 
However, when he compared similar microphone techniques having not a similar 100% 
SRA but a similar 75% SRA, he found that the localisation profiles of these techniques 
were more similar across the majority of the range, but varied mainly above the 75% of 
phantom image angle shift.
In order to solve this problem, W ittek proposed to use the “Recording Angle_ 75%”, 
which is the “angular range of input source directions that leads to corresponding 
phantom source shifts in the range + / -  75%” (Wittek & Theile 2002). He developed 
software called the Image Assistant (Wittek et al. 2001), which lets the user see the 
localisation profile of microphone techniques, provided each microphone signal is fed 
directly to a loudspeaker.
The localisation profiles usually show a straight line around the middle of the curve,
i.e. for small angles away from the centre. This means that there often is a linear 
relationship between the perceived angle and the real angle of a sound source, if this 
angle is small enough. However, the extremes of the SRA tend to be more distorted: a 
higher real source angle variation is needed for the same perceived source angle variation 
(Wittek & Theile 2002).
Fig. 4.6 shows the localisation profile of a 2-0 stereo microphone array using two 
omnidirectional microphones spaced by 40 cm. For comparison, an XY configuration 
(two coincident cardioid microphones with 90 ° between each capsule) presents much less 
spatial distortion at the extremes of the SRA, as can be seen in fig. 4.7. Spatial distortion 
to the extremes of the SRA is generally more significant in microphone arrays using spaced 
microphones, as can be seen when using W ittek’s Image Assistant. In order to build its 
localisation profile, the image assistant computes ICLD and ICTD between the signals 
sent to loudspeakers using the microphone’s theoretical position, direction and directivity 
for any sound wave’s incidence angle. The Image Assistant then estimates the perceived 
angle for each sound wave’s incidence angle using ICLD and ICTD-based localisation 
curves measured by Wittek (W ittek 2000). However, the Image Assistant’s localisation 
profiles might not be perfect, as they do not take phase into account: an out-of-phase 
microphone signal is evaluated the same way by the image assistant as an in-phase signal. 
It can be a problem when using figure-of-eight or supercardioid microphones, as both
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Figure 4.6: Localisation profile of an AB microphone array according to W ittek’s
image assistant, consisting of two omnidirectional microphones, spaced by 40 cm in this 
particular case.
Figure 4.7: Localisation profile of an XY microphone array according to W ittek’s image
assistant, consisting of two coincident cardioid microphones, positioned 90 ° to each other.
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types of microphones can record in-phase or out-of-phase signals, depending where the 
sound source is located. According to Blauert (1996), out-of-phase signals are perceived 
differently to in-phase signals:
The auditory event splits up into two components of different frequency ranges. A low 
frequency component is perceived around the back of the listener’s head. The perception 
of this component causes an unpleasant feeling of pressure.
The localisation profiles shown by the Image Assistant and those experienced by 
listeners can therefore differ in localisation when using microphone array configurations 
where one of the microphones can capture out-of-phase signals in comparison to other 
microphones of the array.
4.1.3 Exam ples o f 2-0 stereo m icrophone arrays and their use
The previous section showed how localisation curves can be used to design and evaluate 
microphone arrays. It showed two examples of 2-channel stereo microphone arrays and 
the differences between the localisation profiles. Differences between microphone arrays 
generally lead to them being categorised based on their geometric construction:
•  Coincident microphone techniques
• Near-coincident microphone techniques
•  Spaced omnidirectional microphone techniques
Depending on which category a microphone array is in, several assumptions can be 
made, as will be shown in the following sections.
4.1.3.1 Coincident microphone techniques
Coincident microphone techniques use microphones as spatially close to each other as is 
physically possible. Because of this proximity, the time difference between the arrival of 
the sound at each microphone will be small and hence the ICTD will be close to zero. 
The use of directional microphones (i.e. those with a directivity pattern that is not 
omnidirectional) oriented in different directions can result in an ICLD that depends on 
the position of the source. In 2-0 stereo, the two main types of coincident microphone 
arrays are the XY pair and the M /S pair.
An XY pair of microphones is normally composed of two identical microphones 
directed symmetrically around the plane between the centre of the sound stage and the 
microphone pair, as can be seen in fig. 4.8. The angle and directivity of the microphones
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XY technique
Figure 4.8: The configuration of an XY microphone technique using two cardioid 
microphones. Any other non-omnidirectional directivity can be used, e is half of the 
angle between the microphones, as used by W ittek’s image assistant, a  is the angle 
between the two microphones.
angle are usually selected based on the angle subtended by the ensemble or range of 
sound sources that are intended to be recorded. The localisation profile of an example 
XY microphone array is shown in fig. 4.7, and it can be seen that this 90 °-spaced cardioid 
configuration offers an SRA of 180°.
Computing the ICLD for a sound coming from 90 ° off-centre, the direction-dependent 
gain of the microphones pointing towards and away from the sound source respectively 
would be -1.41 dB and -16.7 dB (compared to if the source signal was on-axis with respect 
to each microphone). This results in an ICLD of 15.3 dB.
According to Rumsey McCormick (2005), a good microphone array should produce 
an even pickup, meaning that the direction of the sound source should have little influence 
on the level of direct sound at the position of the listener’s head. Rumsey explains that it 
guarantees a smoother takeover from left to right when recording music. Both microphone 
signals being summed at the listener’s head, the level of sound will increase by a number 
of dB dependent on the correlation between both microphone signals: if both signals are 
uncorrelated but have the same level, the sum of both signals results in a signal 3 dB 
louder that any of the two signals, whereas the sum of both signals results in a signal
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Figure 4.9: Localisation profile of an XY microphone array according to W ittek’s image 
assistant. This XY microphone array consists of two coincident cardioid microphones, 
positioned 131 0 from each other.
6 dB louder if both signals are correlated2 (Hartmann 1997). Therefore, some stereo 
microphone techniques aim at recording sound with each microphone 3 dB lower to the 
front of the microphone array than in the axis of any of the microphones.
It can be argued that a sound coming from the centre of the sound stage is recorded 
identically by both microphones. The summation of their signals at a central point 
during playback therefore adds 6 dB of gain compared to the playback of only one of 
the signals. In order to have a smooth transition of a sound source from left to right, 
it might therefore be preferable to record frontal sound on each microphone 6 dB lower 
than in the axis of each microphone, which can be achieved by using two back-to-back 
cardioid microphones.
Following the 3 dB rule stated above, according to Rumsey & McCormick (2005), the 
ideal angle for an XY microphone array composed of two cardioid microphones is 131 
as it means that any sound coming from the front is recorded by each microphone at a 
level of - 3 dB compared to if the microphones were facing the source. Fig. 4.9 shows the 
localisation profile of the XY microphone array using two cardioid microphones positioned 
131 degrees from each other.
2This assumes that both signals are of the same phase
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Blumlein microphone pair
Figure 4.10: The Blumlein pair of microphones is composed of two coincident figure-of- 
eight positioned 90 degrees from each other.
A particular type of XY microphone array is the Blumlein microphone array. It 
features two figure-of-eight microphones separated by 90°, as can be seen in fig. 4.10. 
One of its advantages is the fact that similarly to the 131°-spaced cardioids, a sound 
source located at the centre of the sound stage will be recorded on each microphone 3 
dB lower than if the sound source had been on-axis. It has a small recording angle, as 
can be seen in fig. 4.11, and a linear localisation profile, as for most XY techniques.
However, in any XY microphone array, any sound source located in the middle of the 
sound stage will be off-axis to both microphones. According to Rumsey & McCormick 
(2005), this may result in a poor frequency response for frontal sounds and a potentially 
unstable image if the microphones’ directivity is not well controlled, as discussed in 
section 4.1.1. The M /S microphone pair offers a solution to this problem. It lets the 
sound engineer simulate an XY pair using matrix routing. It is composed of a figure- 
of-eight facing sideways, its positive lobe facing left (this microphone is the S or side 
component), and the M (middle) component is a microphone of any directivity, facing 
forward. The directivity of the M microphone can be selected to provide a desired 
simulated XY pair. The microphone signals are not routed directly to the loudspeakers 
but need to be matrixed first, as can be seen in fig. 4.12. It can be seen in this figure 
that a gain can be added to the S component in order to simulate a variation in the
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Figure 4.11: Localisation profile of a Blumlein microphone array according to W ittek’s 
image assistant.
angle between the simulated microphones. The main advantages of the M /S technique 
compared to the XY microphone array are its direct mono compatibility (if the L and R 
channels are summed, the S signal cancels and only the M signal remains), and the fact 
that any source located at the centre of the sound stage will be on-axis with respect to the 
M microphone and therefore will benefit from a better frequency response. In addition, 
it is possible to use this approach to simulate pairs of microphones with a range of polar 
patterns and recording angles.
The directivity of the M microphone can be written as a +  bcosO, for any incidence 
angle 6. With a gain G  on the S signal, we obtain an L component described by
L =  G S  +  M  (4.2)
L  =  Gsin(0) +  a +  bcos(6) (4.3)
L and R can be written respectively as L =  a' +  b'cos(6 +  </>) and R  =  a' +  b'cos(6 — 0),
where 0 is the opposite of the angle offset of the simulated microphones. Therefore, 0  is
always constrained between 0 and —n /2  (the 0 value is excluded if G f  0; as it would 
mean the simulated microphone array is a mono one).
M/S matrixing 
R
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Figure 4.12: Schematic of the MS matrixing. L =  gS  +  M /2, where g is the linear gain 
applied to the S component. R  =  —gS  +  M /2 .
a +  Gs'm(9) +  bcos(9) =  a' +  6/cos(0 +  </>)
a +  6 =  a' +  b'coscf) (9 =  0)
a +  G =  a' — b'sm<f) (9 =  7t / 2)
a — Gsin<f> +  bcoscf) =  a' +  b' (9 =  —<f>)
a' =  a +  Gcoscf) +  6sin</> (9 — n /2  — </>) 
Combining eq. 4.5 and 4.6:
b' =  — —r (<t> f  —7t/4)cos cj) +  sin</>
Combining eq. 4.7 and 4.8:
b' =  a — Gsm(j) +  bcoscj) — a' 
b' =  —(G  +  b)sin<fi +  (6 — G) cos</>
(4.4)
(4.5)
(4.6)
(4.7)
(4.8)
(4.9)
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, _  — (G  +  b) (cos</>sin</> -f sin2</>) +  (b — G)(cos2<f> +  cos</>sin</>)
cos</> +  sin <f)
, _  b — G  — 2(Gcos</>sin</> +  6sin2</>) .
cos</> +  sin0
Combining eq. 4.9 and 4.10, for any case where <f> f  —7r/4
bsin2</> =  — Gcos(f)smj)
As —7r/2  <  </> <  0
bs'mcf) — —Gcos(j)
4> =  arctan (—G/b)  (4.11)
These equations can then be used to evaluate the XY equivalent of a given M /S pair 
as a function of the M microphone’s directivity and the gain of the S component, which 
give results such as those shown in fig. 4.13.
4.1.3.2 Near-coincident microphone techniques
Near-coincident microphone techniques use directional microphones, spaced by a distance 
similar to the distance between a human’s ears. Because of the microphone’s directivity, 
a difference of level is created, and because of the spacing, a difference of time is created.
According to Rumsey (2001), near-coincident microphone techniques offer small time 
differences that can help localising transient sounds and increase spaciousness. Cross 
(1985) and Ceoen (1972) compared coincident and near-coincident microphone techniques 
using subjective assessment. They showed that near-coincident microphone techniques
were thought to produce a better sense of space and a better realism than coincident
microphone techniques. Different near-coincident microphone techniques were developed 
using W illiam’s localisation curves (Williams 1987). Table 4.1 introduces a few of these 
techniques.
The localisation profiles of these techniques are shown in fig. 4.14 to 4.19. It can be 
seen that all the localisation profiles are very similar. They differ only from the SRA 
(and therefore, from their width). They are “S” shaped, meaning that for auditory events 
close to the loudspeakers to shift in angle, it is necessary for the sound source to move 
by a larger angle shift than for an auditory event perceived at the centre of the sound
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XY equivalent o f some M/S configurations
M/S
G O Q
-1 dB
a > 0
G O
+
XY equivalent
Figure 4.13: XY equivalent of three M /S configurations. In the case a), a gain of -1 
dB is applied to the S component and it results in the equivalent of two supercardioids 
positioned 120° from each other. Both b) and c) have no gain change applied to the S 
component.
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Name Directivity cn distance SRA
ORTF Cardioid 1 1 0 ° 17 cm 1 0 2 °
NOS Cardioid CO o o 30 cm 82°
RAI Cardioid 1 0 0 ° 21 cm 98°
DIN Cardioid CO o o 2 0  cm 106°
no name Omni / 50 cm 74°
no name Omni / 35 cm 118°
Table 4.1: Description of near-coincident microphone techniques, a  is the angle between 
the microphone axis, the SRA is the recording angle given by W ittek’s image assistant.
stage. This can create a “stacking effect” which does not happen when using coincident 
microphone techniques.
4.1.3.3 Spaced microphone techniques
As was seen in chapter 2, ICTDs generally lead to less well located sounds. Section
4.1.1 showed how microphone techniques can be used to generate near-pure ICTDs using 
spaced microphones. The level difference between both microphones is small provided 
the distance between the microphone array and the sound source is large enough, and 
provided omnidirectional microphones are used. ICTDs lead to localisation cues that 
are inconsistent with binaural localisation cues produced by a single source both at 
low and high frequencies. However, microphone arrays generating pure ICTDs - called 
spaced microphone arrays - are well appreciated by sound engineers (Rumsey 2001). One 
of the reasons for this is the frequency response of omnidirectional microphones: it is 
generally much flatter than the frequency response of directional microphones (Rumsey 
& McCormick 2005). In addition, omnidirectional microphones capture more of the 
room effect, as discussed in section 4.2.2, being a possible explanation for the increased 
spaciousness discussed by Rumsey (2001). Lipshitz (1986) believes that this spaciousness 
is caused by comb filtering and phasiness.
Spaced microphones techniques rely on ICTD, but time differences cause comb 
filtering when the signals are summed at the ears of the listener. Fig. 4.20 shows 
the fundamental frequency of the comb filtering occurring on a pair of omnidirectional 
microphones as a function of the distance between both microphones and the sound 
source’s incidence angle on the microphone array. This mean that in some cases, the 
comb filtering could cover the frequency range of a human voice, thus altering the timbre 
of the sound. However, according to (Toole 2008), spectral coloration due to this is
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Figure 4.14: Localisation profile of an ORTF microphone array according to W ittek’s 
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Figure 4.15: Localisation profile of a NOS microphone array according to W ittek’s image
assistant.
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Figure 4.16: Localisation profile of a RAI microphone array according to W ittek’s image 
assistant.
Figure 4.17: Localisation profile of a DIN microphone array according to W ittek’s image
assistant.
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Figure 4.18: Localisation profile of a spaced omnidirectional microphone array having a 
base of 50 cm according to W ittek’s image assistant.
Figure 4.19: Localisation profile of a spaced omnidirectional microphone array having a
base of 35 cm according to W ittek’s image assistant.
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Fundamental frequency of the comb filtering as a function of sound source’s direction
Figure 4.20: Fundamental frequency of the comb filtering occurring on a pair of
omnidirectional microphones as a function of the distance between both microphones 
and the sound source’s incidence angle on the microphone array.
only perceptible for a delay above 10 ms, corresponding to a fundamental comb filter 
frequency of 100 Hz. Lipshitz (1986) and Rumsey (2001) nevertheless describe spaced 
microphone techniques as bringing phasiness, as discussed below.
A common use of spaced omnidirectional microphone techniques is the Decca tree, 
so-called because of its frequent use by Decca Record Company (Rumsey & McCormick 
2005). It is composed of three omnidirectional microphones placed at the corners of 
a rough equilateral triangle, as shown in fig. 4.21. This technique was developed 
empirically, and may function based on the precedence effect, a localisation cue that 
dictates the perception of an auditory event caused by two acoustic waves as a function 
of the arrival time and level of these waves (Blauert 1996). Contrarily to ICTD panning, 
the delays are larger than 1.2 ms. According to Blauert, if two signals arrive at the 
listener’s ears differing only by a delay comprised between 1.5 ms and 20 to 40 ms (the 
exact upper limit depends on the type of signal), only the earliest signal will be taken 
into account to evaluate the position of the sound source, while the delayed signal will 
influence the perception of envelopment and source width. When a sound source is 
either to one side or to the front centre of the microphone array, the delays of the signal 
in the two microphones furthest from the sound source are so large (for example, as
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Example of Decca tree
Figure 4.21: The Decca tree configuration. The distance between the microphones can 
vary from one recording to another, as it is an empirical technique. The distances shown 
on this figure are the distances given by Theile (2001).
explained in section 4.2.2, a delay of 4.4 ms between the centre microphone and each 
side microphone when the sound source is located to the front of the microphone array) 
that the delayed microphones produce phasiness and spaciousness without influencing the 
location of the auditory event. When the sound source is between those three extreme 
positions, the delay between the two microphones closest to the sound source can become 
small enough to enable panning of the phantom image, while the delay between those two 
microphone signals and the third remains large, the precedence effect preventing then 
the third loudspeaker to contribute much to the generation of the sound image.
Fig. 4.22 shows the localisation profile of a Decca tree without any central microphone 
(i.e. with only the L and R microphones), with a distance of 2m between the microphones. 
As can be seen in this figure, the SRA is small, meaning a small angle shift in the 
recording space causes a large movement of the phantom image in the playback space, 
unless the phantom image is already perceived as coming from one of the loudspeakers. 
It means that the reproduced sound stage would have little centre content and mostly 
side content. In order to recreate a central image, a third microphone (microphone C 
in fig. 4.21) is added, in front of the other two. The microphone signal is attenuated 
by 6 dB and added to each of the other microphone signals, in order to pan it to the 
centre. Frontal sounds close to the centre of the sound stage are captured by the side 
microphones with a large delay compared to the central microphone (around 2.2 ms 
when using the distance values shown in fig. 4.21). Most studies on the Decca tree used
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Figure 4.22: Localisation profile of the base of a decca tree, without the central
microphone, composed of two omnidirectional microphones spaced by 2 metres.
three loudspeakers to play the recordings (Theile 2001), (Peters et al. 2007). Although it 
differs from the 2-0 stereo configuration, the central signal can be imagined as feeding a 
central phantom loudspeaker. Theile (2001) points out that “in principle, each 2-channel 
stereophonic basis C-L, C-R and L-R produces its own phantom sound source, and each 
of them would be located at divergent places, resulting more or less in a decrease of the 
localisation focus and clarity, and in coloration effects”, as can be seen in fig. 4.23.
According to Rumsey h  McCormick (2005) and Griesinger (1987), spaced microphone 
techniques offer an increased spaciousness over coincident and near coincident microphone 
techniques despite their small SRA, difficult localisation and phasiness. According to 
Rumsey and Lipshitz, phasiness might actually be an argument in favour of the spaced 
microphone techniques, as some listeners prefer phasiness (Lipshitz 1986).
Knowing that the left microphone signal of the Decca tree is routed directly to the left 
loudspeaker of a stereo setup, that the right microphone signal is routed directly to the 
right loudspeaker and that the central microphone signal is routed to both loudspeakers 
but attenuated by 6 dB3, and using an average of Kuhn’s models of ITD for low and 
high frequencies, the ITD 7 created by one of the stereo loudspeakers in the standard
3The centre signal sent to both loudspeakers is the same. Therefore the sum of the centre component 
of both loudspeakers leads to a centre component 6 dBs louder at the listening position than the centre 
component of a single loudspeaker.
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Formation o f m ultiple images when 
using more than 2 microphones
sound source
Figure 4.23: Illustration of the multi-images effect: using three microphones with a 2-0 
playback means that three phantom images are created. However, in most cases, a single 
phantom image will be perceived (Theile 2001).
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Relative arrival times of the 2-0 Decca tree microphone 
signals at the left ear as a function of 
sound wave’s incidence angle
x 1 0 °
Angle (degrees)
 Left microphone
 Centre microphone through left loudspeaker
 Centre microphone through right loudspeaker
 Right microphone______________________
Figure 4.24: Arrival time of each of the Decca tree’s microphone signals at the left ear 
of the listener as a function of the sound source direction. The simulated sound source 
is a plane wave. The reference arrival time in the recording space is the origin of the 
microphone array (i.e. on the intersection between the left-right microphone segment 
and its perpendicular median line). The reference arrival time in the playback space is 
the centre of the listener’s head.
Using the delay between two microphone signals as computed in the previous section, 
fig. 4.24 shows the arrival time of each microphone signal in each ear. It can be seen 
that multiple iterations of the same signal sum at each ear (though this does not take 
into account the frequency-dependent level differences caused by ILD, spectral cues and 
microphone’s frequency response as a function of the incidence angle), thus creating comb
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Type of microphone 
array
Advantages Drawbacks
Coincident - Produces the best lo­
cated sounds
- Straighter localisation 
profile
- Generally poorer timbre 
reproduction for central 
sounds when using XY  
techniques
- More correlated signals
Near coincident - Produces well located 
sounds
- Good spaciousness
- Phasiness
- Spatial distortions
Spaced - Increased spaciousness - Less realistic localisation 
cues causing less focused 
phantom sources
- Higher spatial distortions
- Phasiness and comb fil­
tering
Table 4.2: Advantages and drawback of the dfferent types of microphone arrays
filtering and phasiness. The signals at the left and right ear differ in terms of arrival time 
of the different signals, meaning that the comb filtering is different at each ear.
4.1.4 Sum m ary
This section showed how ICTDs and ICLDs are created by microphone arrays. It 
discussed the use of localisation curves to build localisation profiles of microphone arrays 
and showed some examples of 2-0 stereo microphone arrays. Table 4.2 summarises the 
advantages and drawbacks of each type of microphone technique.
4.2 Surround stereo m icrophone techniques
The principles of the perception of surround sound reproduction were described in chapter
2. Surround sound reproduction systems consist of a greater number of loudspeakers 
than 2-channel stereo, and therefore usually require the use of a greater number of 
microphones. This section discusses the adaptation of 2-channel stereophonic microphone 
techniques to surround sound, and the development of new microphone techniques. 
Examples of surround microphone techniques will the be presented and discussed. As 
3-2 stereo microphone techniques are the most common and most studied surround
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techniques in literature, particular attention will be given to them.
4.2.1 Questions arising from  surround stereo recording
Surround playback systems such as 3-2 or the octagon loudspeaker array described in 
chapter 3 enable sounds to be reproduced from all sides of a listener. New microphone 
techniques need to be designed to capture sound fields in a way that is suitable for 
surround sound playback. Being able to record a 360° sound stage means that more 
aesthetic choices need to be made. Should the microphone technique be able to record 
well localised audio sources all around? Should it only record well localised sound to 
its front and room effects (such as audience noise or reverberation) to its side and 
rear? Should it only record diffuse sound? The question concerning the use for which 
a microphone array is designed could already be asked for 2-0. However, most 2-0 
microphone arrays could be used for most purposes (although it was seen in the previous 
section that spaced microphone arrays are aimed at capturing the room’s spaciousness 
and that they are inadequate for direct sound recording). In addition, surround sound 
stereo microphone techniques introduce additional issues, such as crosstalk, where the 
signal from a sound source positioned between a pair of microphones is also picked up 
by other microphones in the array.
It can therefore be considered that in parallel with the classification described in 
section 4.1.3, surround microphone arrays can also be classified based on what they aim 
to record:
• Microphone techniques aimed mainly at direct sound recording
•  Microphone techniques aimed mainly at diffuse sound recording
• Microphone techniques aimed at global sound recording
Microphone arrays aiming at diffuse sound recordings will not be treated in this 
report, as a focus is on direct sound recording. A microphone array aiming at direct sound 
recording needs to record little room effect but is required to reproduce well localised 
sounds (Rumsey & McCormick 2005). A measure of the amount of direct sound recorded 
compared to the amount of diffuse sound recorded is the direct-to-reverberant energy 
ratio. As its name suggest, it is the ratio between the energy of the direct sound and 
the energy of diffuse sound at a given point in a room or, in our case, captured by a 
microphone (Mason 1999).
Increasing the direct-to-reverberant ratio can be done by either decreasing the 
distance between the microphone and the sound source or using a more directional
Level o f direct and reverberant sound as a function 
of distance source - microphone
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Figure 4.25: Level of direct and diffuse sound captured by a microphone as a function of 
the distance between the sound source and the microphone, for an arbitrary level emitted 
by the source.
microphone. According to (Kuttruff 2009), a sound field is diffuse if the energy arriving 
at any point of the sound field is equal from all directions. The differentiation of the 
energy as a function of the angle of incidence is therefore zero. The sound field being of 
uniform energy across space, the level of diffuse sound in a room is independent of the 
microphone’s position. As seen in chapter 2, the level of direct sound in dB captured by 
the microphone is inversely proportional to the logarithm of the distance r between the 
sound source and the microphone. As can be seen in fig. 4.25, the direct-to-reverberant 
ratio is larger for short distances between the microphone and the sound source.
The distance between the sound stage and the microphone array, as well as the 
directivity of the microphones seem sufficient to vary the direct-to-reverberant ratio. 
However, it does not guarantee that a microphone array located close to the sound sources 
can record a precise and well localised sound space. Section 4.1.3 showed that coincident 
microphones produce more precise recordings than widely spaced microphone arrays, 
for example. However, it seems that coincident microphone techniques are not used for 
surround recordings4. Coincident microphone techniques cause a practical problem: how
4Wave-field reconstruction techniques such as ambisonics would be the only exception to this, but as 
discussed earlier, they are not treated by this research.
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to place numerous microphones at the exact same point when the microphone capsules 
are from 1 to 5 cm wide. The error is small enough to be usually acceptable in 2-0 stereo, 
however it is likely to be larger in surround recordings, where 5 or more microphones 
might be needed. In addition to this, the diffraction /  diffusion /  reflections /  absorption 
of the acoustic waves caused by the body of each microphone might have a more 
significant impact on the sound captured by some of the microphones, especially at high 
frequencies. Another explanation was discussed by Slotte (2005): coincident microphone 
techniques do not provide enough channel separation for a sharp and focused image. 
Because of this, usually near-coincident and spaced microphone techniques are used in 
surround sound recording, with the possible exception of the double M /S microphone 
that will be described in section 4.2.2 and microphones such as the Soundfield.
Near-coincident and spaced microphone arrays are therefore more common in 
surround microphone techniques. They can be designed based on localisation curves or 
through other principles that will be described later. Surround microphone array design 
is often based on frontal stereophonic (2-0) localisation curves, such as those presented 
by Williams (1987), W ittek (2000) and Lee & Rumsey (2004), and discussed previously 
in section 4.1.2. The majority of these localisation curves have been created through 
subjective experimentation using stimuli reproduced over a conventional 2-channel (2- 
0) stereo configuration. These have often then been applied to developing surround 
sound surround microphone arrays where the loudspeakers are positioned around the 
listener. In some cases, the localisation curves have been adapted for the new loudspeaker 
configuration, in others they have been applied directly.
Williams (2007) applies the 2-0 localisation curves to all the segments of his 
microphone arrays, independently of the angle between the loudspeakers and the position 
of the loudspeaker segments in relation to the listener. His hypothesis is that the 
localisation curves remain constant for all the segments of a 3-2 system.
Theile (2001), adapted the 2-0 localisation curves for the front three channels of a 
3-2 system by assuming that they are applicable as long as the phantom source position 
is not expressed in terms of angle in degrees but in terms of angle shift in percentage, as 
discussed in section 4.1.2. Theile does not apply these curves to the use of the two rear 
channels, as he considers that these channels should only be used to produce a surround 
effect.
In addition, as was shown in chapter 2, the localisation curves measured on a 2- 
0 stereo setup differ significantly from the localisation curves measured to the side of 
the listener on either a 3-2 loudspeaker setup or on a 60 °-spaced pair of loudspeakers 
located to the side of the listener (Theile & Plenge 1977), (Martin et al. 1999) and (Kim
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et al. 2008). Moreover, Theile showed that the localisation curves between a pair of 
loudspeakers varied significantly when the angle shift of the whole system was changed, 
for angle shifts of 0° (i.e. the stereo system is centred to the front of the listener), 40°, 
60°, 80° and 90° (i.e. the stereo system is centred on the listener’s interaural axis). 
While the angle shift was increased, two changes could be observed: the “S-shape” of the 
curve was accentuated and the confidence intervals were increased. The accentuation of 
the “S-shape” of the localisation curve when sounds were played to the side of the listener 
was also observed by Martin et al. (1999) on a 3-2 setup, i.e. betweeen two loudspeakers 
located at 30° and 110°. This shows that it is necessary to measure and use separate 
localisation curves for each segment of a system in order to design microphone arrays 
aiming at optimal localisation. However, localisation curves do not take into account 
crosstalk from the other loudspeaker segments.
As discussed in chapter 2, a source of crosstalk causes an increase in source width and 
can change the perceived position of the sound image. However, Lee (2006) used only
3-channel microphone techniques to study the effects of crosstalk. It is unknown how 
different sources of crosstalk interact between each other. In addition, the microphone 
techniques Lee used were all near-coincident techniques, and were designed to achieve a 
variety of combinations of time and level differences. Fig. 4.26 shows the microphone 
technique that produced the largest ICTDs amongst the microphone techniques Lee used 
in his experiment.
This microphone technique produced between the centre channel and the left and right 
channels ICTDs of respectively 1.09ms and 0.21ms when Lee simulated a sound source 
located 45° off-centre. Lee studied the effects of crosstalk for ICTDs lower than 1.09ms 
but not for higher ICTDs. However, as discussed in chapter 2 and shown by Blauert 
(1996), secondary sources may have an influence on the sound image’s position and width 
when ICTDs are up to 5ms. The dimensions of a Decca tree such as the one showed in fig. 
4.21 are five times larger than the dimensions of the array used by Lee, thus producing 
ICTDs five times larger. According to Lee, the effects of crosstalk have been much 
debated in microphone array design, but never studied directly. Instead, the perceptual 
characteristics of different microphone arrays were compared, as will be shown in section 
4.2, and it was thought without formal study other than Lee’s that high crosstalk levels 
(i.e. small level differences between the two microphones contributing mainly to the 
sound image and the other microphones) cause sound images to be perceived wider, and 
that large ICTDs can decrease the effects of crosstalk. It is therefore necessary to study 
crosstalk in a more formal way, extending the work of Lee to the use of more than three 
channels and larger time differences.
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Microphone technique used by Lee (2006) to study crosstalk
Figure 4.26: One of the microphone arrays used by Lee (2006), achieving the largest 
ICTDs of the four configurations he used.
4.2.2 Exam ples o f surround stereo microphone arrays and their use
2-0 localisation curves have been shown to be poor for predicting localisation to the side of 
the listener. However, these curves are an easy way to understand surround microphone 
arrays, which is why in this section, all recording angle computations are based on these 
curves.
As discussed above, surround microphone techniques can be classified based on their 
aim. As surround playback systems such as 3-2 allow sounds to be positioned all 
around the horizontal plane (though with varying success, as shown in chapter 3), some 
microphone techniques aim at recording well localised sounds all around the microphone 
array. The Ideale Nieren Anordnung (INA-3, see fig. 4.27) (Kassier et al. 2005) and 
the Optimized Cardioid Triangle (OCT, as can be seen in fig. 4.29) techniques aim 
at a good localisation and locatedness to the front of the listener. As discussed earlier, 
locatedness to the side and rear of the 3-2 playback system is poor. Because of this, INA- 
3 and OCT do not specify rear microphones, assuming the sound engineer can either mix 
these techniques with others aimed at diffuse recording or add two microphones of their 
choice. According to Kassier et al. (2005), the INA-3 technique is based on Williams’ 
localisation curves and critical linking principle5. According to Williams & Le DAz
5In microphone array design, microphone segments (i.e. pairs of adjacent microphones, similar to
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INA-3 technique
Figure 4.27: Example of INA-3 configuration.
(2001), this technique would provide the sound engineer with an SRA of 36° for each of 
the front segments (front left - centre and front right - centre), which is close to the actual 
subtended angles between the loudspeakers. It can therefore be assumed that the INA-3 
aims to reproduce the front sound stage with little spatial distortion, thus achieving the 
critical linking it aims at, as can be seen in fig. 4.28. According to Kassier et al. (2005), 
the INA-3 technique has a moderate /  poor localisation accuracy that might be due to 
interchannel crosstalk but provides “openness and a pleasant spatial impression”.
The OCT was introduced by (Theile 2001) to “increase directional stability without 
decreasing the stereophonic quality”. In order to achieve this, it features two supercar­
dioid microphones facing sideways and a front-facing cardioid microphone. The principle 
of this configuration is to decrease the interchannel crosstalk and stabilise the image 
created through this technique. For the OCT, a sound source 30° off-centre will be 
captured by the closest supercardioid and have a maximum rejection from the furthest 
supercardioid. It should be noted that this technique is not based on localisation curves
loudspeaker segments) are often considered individually. While some microphone arrays try to reduce 
the crosstalk between loudspeaker segments, others aim at producing a homogeneous sound image. In 
order to achieve this latter aim, Williams & Le DAz (1999) introduces the concept of “critical linking": 
in order to optimise a surround microphone array, the angles covered by each segment of adjacent 
microphones needs to be complementary without overlapping. This aims at a straighter localisation 
profile across the whole range of angles covered by the microphone array.
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Figure 4.28: Localisation profile of both segments of the INA3.
but purely on the directivity of the microphones and the distance between them in order 
to guarantee a minimum interchannel crosstalk or that the precedence effect assures that 
the cardioid on the side opposite the sound source will not influence the perception of 
the phantom image created by the recording: a source located more than 30 0 off-centre 
to the right will arrive with a delay between the left and right channels greater than 0.88 
ms and can be up to 2.35 ms for a sound source arriving from the far right. It should 
be noted that according to Blauert (1996), a delay of 1.2 ms is necessary for the delayed 
channel not to influence the localisation of the auditory event. However, this value is 
given for an ICLD of 0 dB. In our case, the ICLD between the left and right channels is 
equal to 25 dB for an incidence angle of 30° and decreases to 12 dB for sounds coming 
directly from the side. In addition, the delayed signal will be out-of-phase with respect 
to the earlier signal.
When a sound comes from the front of the listener, it creates a delay of 0.235 ms 
between the central channel and each side channel. In addition to this ICTD, a gain of 
-7.95 dB is applied to the level of sound captured by the side microphones, as the sound 
comes from 90° off-axis for the supercardioid microphones. According to Lee (2006), 
this ICTD value should result in a phantom image angle shift of 12° on a standard 2-0 
loudspeaker setup while the ICLD causes a phantom image angle shift of 19°. As seen in 
chapter 2, the global phantom image angle shifts is the sum of the phantom image angle
Optimized Cardioid Triangle (OCT)
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Figure 4.29: The Optimized Cardioid Triangle configuration.
shift caused by the ICLD and the phantom image angle shift caused by ICTD, meaning 
that the phantom image is perceived inside one of the loudspeakers on a 2-0 stereo setup. 
In a 3-2 loudspeaker setup, it means that a central sound source will produce a phantom 
image inside the centre loudspeaker, however the localisation profile is discontinuous 
around the centre loudspeaker, as can be seen in fig. 4.30. The small ICTD when the 
sound source is to the front of the system means that front phantom images are likely 
to be stable, as chapter 2 showed that ICLDs produce more stable phantom images 
than ICTDs. However, it can be hypothesised that the timbral reproduction of sound 
with such a system can be poor, because of the wide angle between the microphones 
and supercardioid microphones are known for having a poor off-axis frequency response 
(Rumsey & McCormick 2005).
Perceptual studies showed that this technique was thought to lack low frequencies, 
which is why two omnidirectional microphones are generally added to the side, low-pass 
filtered and then added to the left and right channels (Rumsey & McCormick 2005), 
(Kassier et al. 2005). In addition, Kassier et al. (2005) found that the images created by 
this technique were perceived as too distant. However, Kassier also found that the OCT 
provided very well localised images.
The Decca tree was described in section 4.1.3, and it was mentioned that this
C H A P T E R  4. S T E R E O P H O N I C  M I C R O P H O N E  T E C H N I Q U E S 96
MIC - (animal distanc soo
C n n f lg « tk in -----------
fl
/  h e igh t I g"tijniiq miv w- I L4IUMU
epsilon go degre Mic * I5**™-- j*K
■ j anirra' [J txaseLS-;conncwration 250
Configurtlio f (j,tr horizontal
Recording Angle: 106° t-...1QQ
Recoiding Ar*gle_75X.?4 *
 I .! 75
O  2 Mies ~> 2 LS 
6 3 Mlci 3 LS
CStiuw L ucali^atlun
0LC §? CR D u
( Signal RdHonshlpi}
(  Signal difference*
O U  0LC OCR
A, „t  ..MVI ? .\
O 200272PCS hv r Wut
Figure 4.30: Localisation profile of both segments of the OCT.
technique could also be used for three-channel reproduction, such as for the front channels 
of 3-2 surround recordings. Unlike the 2-0 Decca tree, the centre channel of the 3-2 Decca 
tree is routed directly to the centre channel of the 3-2 loudspeaker setup.
Similarly to the OCT and INA-3 techniques, the Decca tree needs to be used in 
conjunction with a rear microphone technique. According to Theile (2001), this technique 
is however not suitable for directional imaging but useful to produce a spacious sound 
combined with a solid centre image. This technique can therefore be used for frontal 
imaging when the sound sources do not need to be well localised. To solve this issue, 
Fukada (2001) proposed a microphone array based on the Decca tree, replacing the 
omnidirectional microphones with cardioid microphones in order to reduce the level of 
indirect sound in the microphones (Theile 2001). Its construction can be seen in fig. 
4.32. However, according to Theile, the Fukada tree suffers from the same problems as 
the Decca tree, i.e. phantom sources tend to be attracted to the loudspeakers, as can be 
seen on the Image Assistant in fig. 4.31.
The distance between the two cardioid microphones to the left or to the right of the 
microphone array is variable and dependent on the sound engineer’s aims. If the two rear 
microphones are coincident with the front left and front right cardioid microphones, each 
pair of side cardioids forms an XY pair with 90 ° between the capsules. It means that 
phantom images to the side of the loudspeaker system are amplitude-panned, which was
C H A P T E R  4. S T E R E O P H O N I C  M I C R O P H O N E  T E C H N I Q U E S
Cvnflyur*lk*i
vertical
hortxof
Kecording Angk; 10r  
Recording Angte_7Sfc97 *
(Sigiwl ari»tioiwh,y~)
input source angle in degree
Localization:
Dnbne ver$«cn 2 . .
Figure 4.31: Localisation profile of the front of the fukada tree.
Fukada tree
Figure 4.32: The Fukada tree, based on the Decca tree.
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shown in chapter 2 to produce better localised phantom images than when ICTD was 
used. However, the wide angle between the side loudspeakers on a 3-2 setup is not ideal 
for stereo imaging. The two cardioids to each side of the microphone array can therefore 
be spaced by up to 1.8 metre - the upper limit being only based on Fukada’s experience of 
microphone recording, and widely dependent on the room in which the recording is made 
as well as on the configuration of the sound sources in terms of position to the microphone 
array. The aim is then to record only diffuse sound with the rear microphones, which is 
not studied in this report.
Section 4.1.3 described a coincident microphone technique called an M /S technique. 
This technique was adapted to surround microphone techniques under the name of the 
double M /S technique. The double M /S technique varies from one author to the other. 
Some sound engineers use two M /S microphone pairs: one close to the source, directed 
towards the source, and the other one further away (in the diffuse field), directed towards 
the rear of the room (Rumsey & McCormick 2005). Other engineers use one M /S pair to 
which a rear-directed microphone is added, coincident with the two other capsules. The 
two rear channels are then derived from the rear microphone and the side microphone 
(Wittek 2008). The advantage of the double M /S using two M /S pairs over the double 
M /S using two microphones of any choosen directivity and a figure-of-eight is the ability 
to adjust the amount of diffuse sound present in the rear channels, as the rear pair can 
be placed wherever the sound engineer feels necessary. Its drawback, however, is that it 
is no longer a coincident microphone array. This can cause imprecisely or inaccurately 
located sounds at the sides of the loudspeaker set-up used. When using the double M /S  
technique, the front M /S pair signals are routed to the front left and front right channels, 
while the rear M /S pair signals are routed to the rear left and rear right channels. If 
the double M /S technique used is the two spaced M /S technique, then the distance d 
between both microphone pairs creates an ICTD equal to (dcos0)/c between the front 
left and rear left channels, and an identical ICTD between the front right and rear right 
channels. Based on frontal stereophonic localisation curves, on both side loudspeaker 
segments, the ICTD of 1.2 ms is expected to be sufficient for the phantom image to be 
perceived inside the front loudspeaker as long as only loudspeakers to one side of the 
listener are emitting sound. This means that for a frontal sound source located in the 
centre of the sound stage, a distance of 40 cm should be sufficient for the direct sound 
to be perceived only to the front of the listener without taking into account the ICLD. 
The ICLD between both left loudspeakers or both right loudspeakers is dependent on the 
XY pair of microphones simulated by each M /S pair. However, if the distance between 
the front M /S pair and the rear M /S pair is larger than 40 cm, the side image phantom
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images are attracted to the loudspeakers, as was shown for the 2-0 Decca tree or for the 
Fukada tree. In chapter 2, the accentuated “S-shape” of the localisation curves to the 
side of the listener was discussed. This phenomenon accentuates the attraction of the 
phantom image to the loudspeakers to the side of the listener. Alternatively, the double 
M /S composed of a single unit offers a coincident microphone array capable of recording 
sounds all around the microphone array on the horizontal plane. However, depending on 
the XY pair simulated by each of the two M /S pairs, the correlation between the different 
channels can be large. The front reproduction is based on the same principles as the 2-0 
M /S microphone technique and so is the rear reproduction. In the latter case, the angle 
between the two loudspeakers is larger than on 2-0 stereo (between 120° and 160°). As 
stated by Rumsey Sz McCormick (2005), this angle is too wide, on a 2-0 reproduction 
system, to produce a stable image. If Theile’s assumption that localisation behind the 
listener and to the front of the listener follow the same localisation curves, the angle 
between the rear loudspeakers therefore means that it is not possible to reproduce any 
stable image behind the listener and that 3-2 recording techniques such as the double 
M /S should aim at a diffuse reproduction to the rear of the listener.
It would therefore be advisable to use the double M /S technique using two M /S pairs 
in the case where frontal sounds need to be well located and rear sound need to be diffuse. 
The other double M /S technique can then be used in configurations where it is necessary 
to reproduce well located sounds all around the listener, although the stability of the 
image to the side and to the rear of the listener is likely to be poor. As this construction 
is symmetrical to the front /  back axis, it might be best suited for playback systems that 
follow the same symmetry. However, the gain applied to the S component for the front 
left and right does not have to be the same as the gain applied to the S component for 
the rear left and right channels, as can be seen in fig. 4.33. The M microphone does 
not have to have the same directivity either. Using fig. 4.13 and the Image Assistant, 
it is possible to find two XY microphone arrays that would have SRAs of 60 ° and 140 ° 
(respectively the angle between the two front loudspeakers of a 3-2 stereo system and the 
angle between the two rear loudspeakers of the same system ). For example, according 
to W ittek’s image assistant, an XY microphone array of two supercardioids positioned 
160° to each other gives an SRA of 64°, and an XY microphone array of two cardioids 
at an angle of 126° gives an SRA of 140°. The corresponding M /S microphone arrays, 
given in the form (directivity of the M microphone, gain on the S component), can be 
respectively (subcardioid, +2.5 dB) and (subcardioid, -4.5 dB). It can therefore generate 
some kind of linearity around the sound stage (which in this section, can be everything 
that is around the microphone array) and the playback system.
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Double M/S matrixing
front M
rear M
Figure 4.33: Schematic of the double MS matrixing. Front M is the M component 
recorded by the microphone facing forward. Rear M is the M component recorded by 
the microphone facing the backwards, S is the side figure-of-eight component. FR and 
FL are the Front Right and Front Left components, and SR and SL are the Surround 
Right and Surround Left components.
C H A P T E R  4. S T E R E O P H O N I C  M I C R O P H O N E  T E C H N I Q U E S 101
Alternatively, Williams’ Microphone Arrays Generating Interformat Compatibility 
(MAGIC) (Williams 2007) also aim at recording well localised sounds all around the 
microphone array while still capturing room effect. The MAGIC design tools aim at 
offering a simple way to record surround audio compatible with different stereophonic 
set-ups. For example, a few solutions are offered for a 3-2 microphone array whose 
recordings could be used in 2-0 stereo, 2-2 stereo or 3-2 stereo by selecting the correct 
channels to send to the loudspeakers, as can be seen with the 8 channel microphone array 
shown in fig. 4.34. In 2-0 stereo playback, only two of the microphone signals are used. 
This offers an alternative to down-mixing techniques, which often cause phase or comb 
filtering issues because they use all the channels of the 3-2 recording and send them to 
the left and right channels of the 2-0 stereo. With down-mixing, there can therefore be 
two6 iterations of the same sound (modulated by the front left - rear left and front right 
- rear right ICLD) on each of the left and right channels of the 2-0 recording, delayed 
by the front left - rear left and front right - rear right ICTD. Because W illiam’s MAGIC 
does not need any downmix, it prevents such comb filtering. Microphone arrays designed 
through Williams’ MAGIC design tools are aimed at simultaneously recording the direct 
and the diffuse field so that the MAGIC array can be used as a standalone microphone 
array. However, Williams’ MAGIC arrays lack what other systems trying to achieve 
critical linking lack: it gives crosstalk only a limited consideration.
For example, using a MAGIC microphone array, a sound engineer might want to use 
a 2-0 stereo mix. In this case, this sound engineer uses the front left and front right 
microphones and routes them to the front left and front right loudspeakers. Using the 
microphone array described in fig. 4.34, the microphone pair has a localisation profile 
similar to that shown in fig. 4.35. However, routing the central microphone signal to the 
centre loudspeaker, the localisation profile of the system should become the localisation 
profile depicted in fig. 4.36. As can be seen in 4.36, the phantom image is attracted to 
the centre loudspeaker and sound sources located to the right of the microphone array do 
not only produce phantom images perceived in the right loudspeaker for the front right 
/  front segment, but also phantom images perceived in the left loudspeaker for the front 
left /  front loudspeaker segment. These two images are also mixed with the phantom 
image created by the front left and front right loudspeakers only, which in this case is 
perceived to the right, with a 16 dB ICLD. The three phantom images being located at 
very different points, the resulting phantom image is likely to be perceived wider and 
less stable (Lee 2006). A similar problem is caused by all the microphone segments of 
the MAGIC microphone arrays. However, according to Williams, the SRA of the front
6or three, when a centre channel has been recorded
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Exam ple o f M AGIC array
o
Figure 4.34: An example of MAGIC, after Williams (2008), The signals of the four 
cardioid microphones located far away from the centre of the microphone array should 
be delayed by 4.2 ms.
left - front right segment should be equal to the sum of the SRA of the front left - centre 
segment and of the centre - front right segment. W ittek’s image assistant estimates 
MAGIC’s front two segments’ SRA to be 82 ° while the estimated SRA for only the front 
left and front right channels is 58 °, meaning this MAGIC array does not follow Williams’ 
stated rules for MAGIC microphone arrays and could cause some imaging problems.
The INA-3 technique was adapted to 360 ° recording by changing the positions of the 
microphones and adding two more channels. The resultant microphone array was named 
INA-5 and features three near-coincident front microphones and two more distant rear 
cardioids, as can be seen in fig. 4.37. Similarly to the INA-3 technique, this technique is 
based on Williams’ localisation curves.
Using a program designed with MATLAB during this project, the time and level 
differences between the microphones of the INA-5 technique were computed as a function 
of the sound source’s direction for a sound source located 5 metres away from the centre of
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Figure 4.35: Localisation profile of the front left and front right microphones of the array 
depicted in fig. 4.34.
Figure 4.36: Localisation profile of the front left, front centre and front right microphones
of the array depicted in fig. 4.34.
INA-5 technique
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Figure 4.37: The INA5 configuration, based on critical linking and W illiams’ curves.
the microphone array (considered here to be the intersection of all the microphone axes). 
As can be seen in fig. 4.38, in the absence of level differences between each rear channel, 
the time differences between each channel would create a phantom image between the 
two rear loudspeakers of a 3-2 setup for any sound source located up to 40 ° to each side 
of the median plane. However, as was seen in chapter 2, the addition of an ICLD such 
as shown in fig. 4.39 shifts the phantom image further. The relationship between ICLD 
and the phantom image angle shift being linear for low ICLD, and similarly for ICTD, it 
can be deduced from chapter 2 that an ICLD of 2.5 dB leads to a phantom image angle 
shift of 16% and that an ICTD of 0.66 ms leads to a phantom image angle shift of 83%, 
leading to a SRA of 40° on the rear segment of the INA-5. A similar study to the side 
of the microphone array shows that if a sound source is located between 65° and 120°
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Time differences to the rear of the INA-5 as a function of 
the sound source's direction
Figure 4.38: ICTD between the two rear microphones of the INA-5 microphone array as 
a function of the sound source’s direction.
off-centre, the phantom image produced is perceived between the two side loudspeakers 
of a 3-2 setup, as can be seen in fig. 4.40 and 4.41.
Camerer &; Sodl (2001) compared this technique to other surround microphone 
techniques. It showed that sound sources recorded with the INA-5 were perceived 
significantly closer and more precisely in terms of localisation than with the other 
techniques. It might be caused by the proximity of the front microphones: the other 
techniques to which it was compared, OCT, Decca tree and spaced stereo techniques7, all 
had a distance between the front left and front right microphone of at least 60 cm, which 
means that larger ICTDs were created witli those techniques than with the INA-5. It is 
therefore supposed to be a good microphone array for capturing a well localised, precise 
sound to the front of the microphone array, following the localisation curve shown in fig. 
4.42. Although the crosstalk is not directly taken into account, the cardioid directivity 
of the microphones along with the larger distance between the front left and front right 
microphones compared to the MAGIC array shown in fig. 4.34 mean a sound source 
located to the right of the microphone array is largely attenuated in the left microphone 
as well as delayed by 1 ms.
?There were also soundfield and sphere techniques, which are not discussed here but demonstrated a 
less precise localisation compared to INA-5.
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Level differences to the rear of the INA-5 as a function of 
the sound source's direction
Angle (degrees)
Figure 4.39: ICLD between the two rear microphones of the INA-5 microphone array as 
a function of the sound source’s direction.
Time differences to the side of the INA-5 as a function of 
the sound source’s direction
Figure 4.40: ICTD between the two side microphones of the INA-5 microphone array as
a function of the sound source’s direction.
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Level differences to the side of the INA-5 as a function of 
the sound source’s direction
Angle (degrees)
Figure 4.41: ICLD between the two side microphones of the INA-5 microphone array as 
a function of the sound source’s direction.
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Figure 4.42: Localisation profile of the front of the INA5.
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4.2.3 Sum m ary o f the surround recording techniques
In this section, the issues of surround recording have been discussed. It was shown 
how localisation curves can be used to design microphone arrays and to evaluate them. 
This section showed that increasing the distance between the sound source and the 
microphone array can increase the direct-to-reverberant ratio. It was also shown that 
changing the directivity of the microphones of a microphone array changes the direct- 
to-reverberant ratio, as for example, omnidirectional microphones capture more of the 
diffuse sound than cardioid microphones. The lack of coincident microphone techniques 
for surround recordings might come from the lack of channel separation caused by 
coincident techniques, insufficient to produce the desired localisation profiles. In order 
to achieve a good homogeneity of the localisation profile of a microphone array, critical 
linking is a principle that can in theory assure the sound engineer that the movement 
of a recorded sound source will not suffer from attraction to the loudspeakers. However, 
interchannel crosstalk means that the SRA of each microphone segment might need 
to be smaller than critical linking would dictate. Finally, it was shown that widely 
spaced microphone techniques such as Decca tree or Fukada tree are not suitable for 
accurate imaging but offer a strong centre image and spaciousness. Surround microphone 
techniques can either be microphone arrays of three frontal microphones that need to be 
used along with another microphone array for the rear and side of the sound space, or 
techniques aiming at reproducing a 360 0 sound image.
4.3 8-channel m icrophone techniques
As it was shown in chapter 3 that the proposed 8-channel loudspeaker system offers 
better localisation capabilities than the 3-2, it is necessary to study recording techniques 
capable of producing signals for the 8-channel system. Currently, the only known 8- 
channel microphone techniques were developed by Williams (2008). Williams describes 
what should be, according the the localisation curves measured by Simonsen (1984), the 
8-channel regular microphone arrays as a function of the microphone’s directivity. A 
regular microphone array is a microphone array whose microphones are regularly spaced, 
similarly to the regularly-spaced loudspeaker array evaluated in chapter 3. The only 
two variables of such an array are the diameter of the array and the directivity of the 
microphones. According to Williams, for a regular cardioid microphone array, a distance 
of 81 cm between two adjacent microphones is necessary to produce microphone pairs 
having a 45 ° SRA. However, using W ittek’s image assistant, the distance between two
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cardioids separated by an angle of 45 0 necessary to produce a similar SRA is 70 cm. 
Having an SRA smaller than 45° might limit the effect of crosstalk, more present in 
8-channel recordings than in 5-channel recordings, due to the smaller angle between 
the microphone’s axis and therefore a smaller difference of level between the different 
channels.
In 2-0 stereo, using a coincident cardioid microphone pair could produce ICLDs up 
to 18 dB and beyond. However, using a regular 8-channel cardioid microphone array, 
the level differences between two microphone signals for a sound source located in the 
microphone pair’s SRA is no larger than 2 dB. Phantom images are therefore panned 
mainly through ICTD, which is known to produce less well located images.
Alternatively, Williams (2008) also proposed his MAGIC arrays, described in the 
previous section. However, they are, similarly to all microphone arrays based on 
localisation curves, based on the 2-0 localisation curves, which have been shown to be 
inaccurate when reproducing sound to the side of the listener. The MAGIC arrays 
being relatively symmetrical, localisation to the side of the listener should be identical to 
localisation to the front of the listener. However, as it has been shown above, localisation 
to the side is less stable and has more inter-subject variation than to the front, meaning 
that sound sources will be less well localised and more easily attracted to the loudspeakers 
when using Williams’ MAGIC arrays.
In order to design new microphone arrays for the octagon loudspeaker system, it is 
necessary to decide whether these microphone arrays aim at recording the direct sound, 
the diffuse sound or a combinations of both. In the case where the microphone arrays aim 
at recording the direct sound or the direct sound plus the diffuse sound, it is necessary for 
them to achieve critical linking, as was shown in the previous section. The SRA therefore 
needs to be considered for each microphone segment so that there is no overlapping of 
covered angle between two adjacent microphone segment. The use of localisation curves 
is necessary to achieve critical linking. However, it was shown in chapter 2 that the 
localisation curves depend on the angle shift of the loudspeaker segment. Localisation 
curves measured between two frontal loudspeakers of the octagon loudspeaker array 
- located at 0 °  and 45° off-centre - are therefore expected to differ from localisation 
curves measured between two side loudspeakers of the octagon loudspeaker array - e.g. 
located at 45° and 90° off-centre. Though surround microphone arrays were generally 
designed using only the 2-0 localisation curves, chapter 2 showed that this is not optimal. 
Measuring time and level localisation curves on each segment of the octagon loudspeaker 
array is therefore expected to produce more accurate predictions of the perceived location.
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4.4 Sum m ary
This chapter showed that ICTDs and ICLDs are inherently captured by stereo mi­
crophone arrays to create a phantom image on a playback system: spacing between 
microphones and using directive microphones creates delays and differences of level 
between the channels. As the phantom image is created via ICLDs and ICTDs, most 
microphone array designs rely on localisation curves in order to build a localisation profile 
for the microphone array being designed, and these can also be used to derive other factors 
about the microphone technique performance, such as the SRA. A good localisation 
profile is generally considered to be a linear relation between the sound source physical 
angle and the phantom image perceived angle, which in 2-0 microphone techniques is 
best achieved by coincident microphone techniques. However, channel separation is 
low for coincident microphone arrays, which can cause poorly focused phantom sources 
in surround sound recording. This chapter showed that widely spaced microphone 
techniques generally lead to a good sense of spaciousness and a poor localisation accuracy. 
Spaciousness might be caused by phasiness and the poor localisation accuracy is caused 
by the ICTD panning. Phantom images are also more attracted to the loudspeakers when 
using spaced microphone techniques because of the non-linear relationship between the 
sound source angle and the ICTD.
It was shown that whenever localisation curves are used in surround microphone array 
design, only the localisation curves measured on a 2-0 stereo system are used. However, 
Theile showed that even 2-0 localisation curves derived by different researchers differed 
significantly one from the other. Chapter 2 showed that perception to the side and rear 
of a surround loudspeaker system was different from perception to the front. It can 
therefore be expected that localisation curves measured to the side of a surround system  
such as the 3-2 or the octagon loudspeaker array described in chapter 3 are different from 
those measured on a 2-0 system. In order to optimise the design of microphone arrays, 
it is therefore necessary to use suitable localisation curves. This chapter also showed the 
need for more formal study of the effects of interchannel crosstalk on the perception of 
sound images.
In addition, this chapter showed that very few 8-channel microphone techniques have 
been offered in the past and that they have not been extensively studied. In order to 
design 8-channel microphone arrays aiming to produce well located sounds, achieving 
critical linking is necessary. Critical linking requires the use of localisation curves 
measured as a function of ICTD and ICLD on each segment of the reproduction system. 
This therefore means that deriving localisation curves on the octagon loudspeaker array
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is necessary.
Chapter 5
Investigation of time and level-based 
panning rules for 8-channel 
surround sound
5.1 B ackground
The poor localisation capabilities to the rear and to the side of the listener on some 
multichannel systems was discussed in chapter 2. If the intention of a multichannel system  
is to enable audio recordings to reproduce source signals around the full 360 ° horizontal 
plane, while still based on the summing localisation principles, a different loudspeaker 
array is therefore required. Chapter 3 demonstrated that the octagon loudspeaker system  
provides relatively good localisation and more even locatedness around the 360° of the 
horizontal plane, compared to a 3-2 system, when using Vector-Based Amplitude Panning 
(VBAP).
As discussed in chapter 4, in order to develop microphone techniques for this array, 
it is useful to derive appropriate localisation curves. These can be used to aid the design 
of arrays by predicting the perceived location of source signals based on analysis of the 
relative level and time differences between microphones.
Chapter 2 showed that some localisation curves have been derived for a 3-2 surround 
system, and that for the side and rear segments these often differ from the 2-0 localisation 
curves. It is therefore apparent that it would be useful to derive localisation curves for 
the 8-channel system as a tool to ease development of appropriate microphone arrays. 
In view of this, an experiment was conducted to determine the localisation curves for 
each loudspeaker segment (i.e. each pair of adjacent loudspeakers). Depending on the
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directivity of the microphones selected and their spacing (if any), ICLDs and/or ICTDs 
could result. The localisation curves measured in this experiment are therefore both time 
and level dependent.
The first section of this chapter introduces the experiment set-up used in both a 
pilot experiment and in the main experiment. The pilot experiment, used to evaluate 
the method and select the most consistent listeners, is described and the results are 
displayed. The main experiment is then described, and the results are discussed in 
comparison to those derived previously for other loudspeaker layouts.
5.2 E xperim ental design
5.2.1 Selection of experim ental conditions
In order to create localisation curves for each of the segments in the loudspeaker array, 
stimuli with a range of interchannel level differences (ICLDs) and interchannel time 
differences (ICTDs) were required. A positive ICLD between two loudspeakers A and 
B means that the level of the signal emitted by the loudspeaker B is louder than the 
signal emitted by the loudspeaker A. A positive ICTD between two loudspeakers A and 
B means that the signal emitted by the loudspeaker B is delayed compared to the signal 
emitted by the loudspeaker A.
The same sets of ICLDs and ICTDs were used for all of the loudspeaker segments, 
to allow for equal coverage of the full 360 ° of azimuth, and to allow comparison between 
the segments.
The range of ICLDs and ICTDs were chosen based on previous research into 
perception of two-channel stereo loudspeaker reproduction. According to Blauert (1996), 
an ICLD of between 12 and 18 dB leads to a phantom source being perceived in one of the 
loudspeakers, and the ICTD that causes a phantom source to be perceived in one of the 
loudspeakers is 1.1 ms. However, an informal test showed that although this is true for a 
2-0 stereophonic setup, a larger ICTD seemed to be necessary to the side of the listener, 
and a maximum ICTD of 1.5 ms was therefore chosen. The ICLDs and ICTDs were 
therefore varied across these ranges in equal steps, sampling the ranges at intervals that 
were a compromise between resolution and practicality. ICLD varied therefore between 
-18 and +18 dB, in steps of 3.6 dB, while ICTD varied between -1.5 and +1.5 ms, in 
steps of 0.3 ms.
W ittek showed that in the case where there is a combination of an ICLD and an 
ICTD, the phantom source shift (i.e. the angle between the middle of the loudspeaker
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segment and the perceived direction of the phantom source) is equal to the sum of the 
phantom source shifts of the ICLD and ICTD (Wittek &; Theile 2002). However, this 
effect will be limited to the subtended angle of the loudspeakers, in that the summation 
of the phantom source shifts resulting from the ICLD and ICTD will not cause the 
phantom source to move past either of the loudspeakers reproducing the stimulus. Based 
on this, as a stimulus with an ICLD of 18 dB is likely to be perceived as a phantom  
source located at the same place as the loudest loudspeaker, the addition of a negative 
ICTD (i.e. making the louder loudspeaker relatively earlier in time) is unlikely to make 
the phantom source move further towards or past the louder loudspeaker. Likewise, a 
stimulus with an ICTD of 1.5 ms is likely to be perceived as a phantom source located 
at the same place as the earlier loudspeaker, and the addition of a negative ICLD (i.e. 
making the later loudspeaker relatively quieter) is unlikely to make the phantom source 
move further towards or past the earlier loudspeaker. In addition, based on W ittek’s 
work it was also expected that some combinations of intermediate ICLD and ICTD 
values could lead to a phantom source being located in a loudspeaker, and increasing 
either of these values would not significantly change the position of the phantom source. 
Hence, it was unnecessary to test all of the possible combinations of ICTD and ICLD, 
and only intermediate values were combined, as shown in fig. 5.1.
It is also impossible, for a microphone array composed of microphones pointing 
outwards which have the same directivity and equal spacing, to capture a sound source 
with both a positive ICTD and a positive ICLD (or both negative), as the microphone 
in which the sound arrives first will be the microphone that is the most directed towards 
the sound source. For this reason, the combinations of ICTDs and ICLDs mainly had 
differing polarities. However, two further ICTD and ICLD combinations, each having 
the same polarity, were introduced (-3.6 dB, -0.3 ms and +3.6 dB, +0.3 ms) to cover 
the case of a heterogeneous microphone array containing a combination of supercardioid 
and omnidirectional microphones and that would have up to 90° between two adjacent 
microphone capsules.
This combination of ICLDs and ICTDs resulted in 43 conditions for use in the 
experiment, as shown in fig. 5.1. Each of these combinations were used for each of the 8 
segments of the loudspeaker array (only signals involving adjacent pairs of loudspeakers 
- each segment - were used in this experiment), meaning that there were 344 conditions 
in total.
The source signals used in the experiment were chosen to contain a range of temporal 
and spectral characteristics; they were pink noise, female speech, cello, and bongos. 
The bongo sound included many transients, whereas the cello sound contained few
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Points of measurement of localisation and locatedness
Figure 5.1: Combinations of ICLD and ICTD used to create the stimuli for the evaluation 
of direction and locatedness on each loudspeaker segment and for each sound source.
transients. Transients are important in auditory spatial perception as they are a 
strong cue for detecting Interaural Time Differences (ITD) (Henning 1974), especially 
at high frequencies where the interaural phase of a signal cannot be detected due to the 
breakdown of phase locking in the ear, as discussed in chapter 2. Hence the presence or 
absence of these cues in the bongo and cello signals respectively could be used to evaluate 
the importance of these on the results. The noise signal had a wide frequency content, 
giving strong Interaural Level Difference (ILD) cues (one of the other main localisation 
cues, used mostly at high frequencies (Blauert 1996)) and IPD cues (used mostly below 
800 Hz (Blauert 1996)). A voice signal was also included because of the variety of inherent 
cues: fricatives (noise-lilce), plosives (transient-like), and voiced sounds (more tonal and 
relatively continuous), offering a large variety of localisation cues. Each sound was played 
using a 30 ms fade in and fade out.
If each source signal had been tested for each condition, it would have resulted in 
1376 stimuli to test.
In order to reduce the number of stimuli each listener would have to rate, it was 
assumed that the perception would be symmetrical about the median plane, as was found 
in chapter 3. Hence, the listeners rated all of the source signals, and all of the ICLD 
and ICTD conditions, but for only half of the loudspeaker segments (i.e. only one side of
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the loudspeaker array). However, using only one side per listener might have introduced 
bias through repetition. Therefore, the side on which the stimuli were presented was 
randomised for each listener, with the stimulus presentation arranged across pairs of 
listeners so that all the conditions were rated an equal number of times and comparisons 
could be made between the two sides to verify the assumption of symmetry in the results, 
in a way similar to the experiment described in chapter 3. A number of the stimuli were 
rated more than once, in order to test the consistency of the listeners, leading to a total 
of 812 stimuli per listener.
5.2.2 Choice o f perceptual attributes
The principal purpose of the experiment was to create localisation curves for use in 
designing microphone arrays. Therefore, the listeners were asked to indicate the perceived 
position of each stimulus as an angle around the horizontal plane.
In addition to the judgements of the stimulus location, the listeners were asked to 
rate the locatedness of the sound. Lund defined locatedness as “the certainty o f a source’s 
localisation” (Lund 2000) . This is expected to be useful information for designing 
microphone arrays, as depending on the intended application the sound engineer might 
want the microphone array to produce a very well localised phantom source or a phantom 
source whose location is uncertain.
The listeners rated the locatedness on a scale of 0 to 100, with labels at each quarter 
of the scale, as follows: “I am absolutely certain”, “I have a slight doubt”, “I have a doubt”, 
“I am really not sure” and “I have no idea". Fig. 5.2 shows the scale used and how it 
relates to the locatedness values
5.2.3 Equipm ent and acoustic conditions
The experiment was conducted in a listening room that meets the acoustic specifications 
of ITU-R BS.1116 (BS.1116 1997). The listeners sat in a chair in the middle of the array. 
The loudspeakers were Genelec 8020As, and these were placed on stands at approximately 
ear height (1.35m). In order to reduce the influence of visual cues, the loudspeakers were 
hidden behind an acoustically transparent curtain.
To help listeners to determine the judged angle of each stimulus, a circular metal 
structure, 1.5 cm tall and 2 m diameter, displayed the angles with 5°  resolution. The 
metal structure was placed 20 cm below loudspeaker level in order to reduce its influence 
on the acoustic field. A user interface, designed by Dewhirst (Dewhirst 2009), was 
provided that displayed the curtains, the listener’s head, and angles every 15°. The
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Locatedness scale
100 - —  I am absolutely certain
75 - —  I have a slight doubt
50 - —  I have a doubt
25 - —  I am really not sure
0 - —  I have no idea
Figure 5.2: The locatedness scale.
perceived direction of each stimulus could then be indicated by the listener by clicking 
on the user interface using a mouse, which displayed a pointer oriented in the chosen 
direction and the angle corresponding to this direction, as shown in fig. 5.3.
The stimuli were reproduced using a computer running MaxMSP, which displayed 
the user interface and rating scales. The software randomised the order of presentation 
of the stimuli to reduce order effects. The stimuli were looped so that the listeners could 
take as long as they needed to make a judgement. For each stimulus, the listeners were 
first asked to indicate the location of the stimulus, and then were asked to rate the 
locatedness. Once this was done the software moved on to the next stimulus.
The experiment was intended to allow derivation of the localisaton curves for the 
adjacent loudspeaker pairs all around the listener. If the listener had been free to move 
their head, then this would have affected the results (e.g. the listener may have ended 
up facing the active system segment each time, meaning that each segment would be 
in front when considered from the listener’s point of view). On the other hand, it was 
considered that physically restraining the listener’s head would have made judgement 
of the stimulus location more difficult, as it is difficult to quantify an unseen position. 
Therefore, a system was introduced that allowed the listeners to move their head, but 
only reproduced the stimuli when they were facing forwards. To enable this, the listeners 
wore a head tracker. If they moved their head by more than five degrees to any side from 
directly in front, or by more than one inch in any horizontal direction, the sound would
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Direction 1
"How certain are you of the position you gave of the sound source?" 
* - 1 am absolutely certain of the sound source's position"
1 have a slight doubt about the sound source's position"
1 have doubts about the sound source's position"
"- I am really not sure of the sound source's position"
* - 1 have no idea of the sound source's position"
ive Locatedness #1
A z im u th  y o u  a re  fa c in g
BZ3
Figure 5.3: The user interface used for this experiment to indicate in which direction the 
listener perceived the phantom source to be, and how certain he was about the phantom 
source’s direction.
stop (using a 30 ms fade to remove distracting clicks). This enabled them to move their 
head to check the angles written on the circular structure without being influenced by 
the perception of the sound event when not facing forward.
Mason et al. (2001) discussed the advantages and drawbacks of different verbal and 
nonverbal elicitation techniques in the subjective assessment of the spatial attributes 
of an auditory event. They concluded that the most accurate elicitation methods 
for localisation are egocentric-based methods, where the listener can point directly at 
the desired direction. However, such an elicitation technique would be problematic 
in this experiment, as a method was necessary which disabled the stimulus when the 
listener moved. In this case, a listener would have difficulty using an egocentric pointing 
method as sounds to the rear would be difficult to indicate accurately without movement, 
and moving would stop the stimulus reproduction and hence may cause errors due to 
inconsistent spatial references. In the article, Mason et al. also discuss the use of two- 
dimensional graphical representation of space. This raises the problem of translation 
of the egocentric physical reference to a graphical reference. Mason et al. explain 
that this translation can be made easier for the listener and errors can be reduced by 
representing the listener and visual objects around the listener on the user interface. In
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this experiment, the listener was represented on the interface, as well as the surrounding 
angle markers. W hilst this method was potentially not as accurate as an egocentric 
method allowing free movement, this method was considered the optimum compromise 
given the limitations of the experiment.
5.3 P ilo t experim ent
Initially, a pilot experiment was conducted to test the experimental method and to select 
listeners. For this, a subset of the experiment stimuli was used, employing the method 
and setup described above. 22 listeners took part in the pilot experiment, and they rated 
32 stimuli twice.
The listener selection was predominantly based on the intra-listener consistency: 
analysing the consistency of each listener across all the stimuli of this experiment. For 
each listener, a univariate analysis of variance (ANOVA) was carried out, where the 
ICLD, ICTD, segment and source signal were entered as the independent variables, and 
either the judged location or locatedness were entered as the dependent variables. The 
consistency of each listener could then be judged from the mean square error term in 
the ANOVA results (Rumsey 1998). For each listener, the square root was taken of 
each mean square error term (so the numbers were comparable to the original scale), 
and then scaled to be a percentage of the whole scale. The scaled Root Mean Square 
Error (RMSE) was measured both when including all cases and when including only 
cases where locatedness was rated above 70%, meaning that in the latter case, listeners 
thought they were certain of the sound source’s position, and could be expected to be 
at the best of their consistency. Both methods showed similar results for most listeners, 
10 of them having a scaled RMSE lower than 2% or close to 2% in both cases, as can 
be seen in the example shown in fig. 5.4. These 10 listeners were selected for the main 
experiment.
The results of the pilot experiment were also used to verify the experimental method. 
A one-way ANOVA was carried out to check the symmetry assumption: the folded-back 
judged location and locatedness were selected as dependent variables and the side on 
which the stimuli were reproduced was selected as the factor. Significance of the ANOVA 
for the folded-back judged angle and for locatedness was respectively 0.715 and 0.743. As 
they are both above 0.05, this means that the side on which the stimuli were reproduced 
was not a significant factor for the perception of the phantom source’s direction nor for 
the phantom source’s locatedness.
It was also checked that the variations in ICLD and ICTD were perceived as expected
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Scaled RMS error for the perceived angle, per subject
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Subject number
Figure 5.4: Scaled RMS error for each listener, computed on their evaluations of the 
judged angle.
- that is, a positive ICLD led to a movement of the phantom source towards the loudest 
loudspeaker, that a positive ICTD led to a movement of the phantom source towards 
the loudspeaker emitting the earliest sound, and that the phantom source was always 
between, or close to, the loudspeakers that emitted sound.
Most of the results were as expected. However, a few front /  back confusions were 
found. Front /  back confusions were evaluated through an estimation of the amount of 
judged angle confusion for each listener. For each stimulus, a listener was considered 
as having confused the front /  back position when the judged position was outside the 
subtended angle of the active pair of loudspeakers. A score of 0 was given to each 
listener for each stimulus perceived inside the loudspeaker segment that emitted sound. 
For each stimulus perceived outside of the loudspeaker segment that emitted sound, a 
score corresponding to the difference between the judged angle and the angle of the 
closest active loudspeaker was given. The mean of this out-of-segment score was then 
computed for each listener. Two subjects out of the twenty-two were found to have an 
out-of-segment confusion mean score that was significantly higher than the others, and
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were therefore excluded. As they were not part of the 10 listeners selected based on 
consistency, this did not influence the listener selection.
Hence, it was found that the experimental method produced usable results, and the 
most consistent listeners were selected for the main experiment.
5.4 M ain experim ent
The main experiment (using only the listeners selected in the pilot experiment), consisted 
of a large number of stimuli for each listener to rate. In order to avoid tiredness, each 
listener undertook 7 sessions, each on a different day, and each session containing one 
familiarisation section of 10 stimuli and two sub-sessions of 58 stimuli each. Listeners were 
allowed to have a break between each sub-session. The experiment employed the method 
and setup described above, identical to the pilot experiment. All 10 selected listeners 
took part in the experiment. A subset of 124 stimuli were rated twice to evaluate the 
listeners’ consistency. The remainder were rated once by each listener.
5.4.1 Analysis
The localisation data resulting from the experiment were judgements of the perceived 
azimuth as an angle on a scale of 0 ° to 360°. In order to avoid scale discontinuities 
and to convert the data onto a single hemisphere (based on the assumption of left/right 
symmetry discussed above), translation was needed. Firstly, the data were translated to 
a -180° to + 180° scale. The localisation data that corresponded to stimuli played on the 
left hand side of the configuration were then mapped onto the opposite hemisphere to 
represent the symmetry of the configuration. Finally, judged angles between -180° and 
-90° were translated to angles between + 180° and +270° to avoid scale discontinuities 
from causing errors during the statistical analysis (e.g. the mean of + 179° and -179° is 
0 ° whereas the intended direction is likely to be 180°).
The intra-listener consistency was analysed using the same technique as shown above, 
and it was found that for the location judgements, the scaled RMS error was similar to 
that of the pilot experiment. The consistency of the locatedness judgements was found 
to have a larger spread than the pilot experiment. This was however thought to be due 
to the larger number of stimuli and wider range of conditions under test. It was found 
that one listener had rated 98% of the stimuli at the top of the scale and the remaining 
stimuli in the top 5% of the scale. These ratings differed from all of the other listeners’ 
ratings, which were normally distributed on a range between approximately 75% and
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100%. Though there was no locatedness anchor, rating all the stimuli at the top of 
the locatedness scale was considered as an error. The anomalous listener’s locatedness 
ratings were therefore dismissed for the analysis of locatedness data.
In order to check that the data met the assumptions of parametric statistical analysis 
methods, a Kolmogorov-Smirnov test was carried out for each experimental condition. 
It showed that the vast majority of the cases were normally distributed (80% of the 
localisation judgements and 85% of the locatedness judgements). This means that in 
general the results are suitable for parametric statistical analysis (such as ANOVA), but 
that non-parametric tests should be considered in order to confirm results (Field 2009).
A first repeated-measures ANOVA was carried out to check the assumption that the 
side on which the stimuli were reproduced was not a significant factor. A repeated- 
measures ANOVA is used when all the combinations experimental factors are tested 
on each of the subjects. The folded-back judged angle was selected as the dependent 
variable and the side on which the stimuli were reproduced, the combination of ICLD 
/  ICTD (denoted later as Stimulus), the loudspeaker segment on which the audio was 
reproduced (Segment) as well as the source signal (program material, denoted later as 
Signal) were selected as factors. The repeated-measures ANOVA found that the Side and 
the interactions between the Side factor and the others was non-significant in all cases 
(sig. >  0.05). This means that data can be used independently of the side on which the 
stimuli were reproduced.
Another repeated-measures ANOVA was carried out on the data to evaluate the 
effect of the source signal, loudspeaker segment and combinations of ICLD and ICTD 
on the judged angle and on the locatedness. A pre-test transformation was applied to 
the judged angle to scale the results from each segment to be similar: the judged angle 
was unaltered for all stimuli reproduced on the 0 ° to 45 ° loudspeaker segment, reduced 
by 45 ° for stimuli reproduced on the 45 ° to 90 ° loudspeaker segment, reduced by 90 ° 
for stimuli reproduced on the 90 ° to 135 ° loudspeaker segment and at last, reduced by 
135° for stimuli reproduced on the 135° to 180° loudspeaker segment. This prevented 
the judged angle from biasing the significance of the loudspeaker segment on which the 
stimuli were reproduced.
Mauchly’s test performed for the judged angle and for locatedness showed that the 
assumption of sphericity was verified for the source signal (sig. =  0.446 for the locatedness 
case and sig. =  0.137 for the judged angle case) and for the Segment (sig. =  0.842 for 
the locatedness case and sig. =  0.054 for the judged angle case). This means that the 
repeated-measures ANOVA results can be used assuming sphericity (Field 2009).
In the case of the judged angle the repeated-measures ANOVA test found Segment,
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Stimulus, Signal * Segment, Signal * Stimulus and Segment * Stimulus were statistically 
significant (respectively sig. =  0.000 and F =  3341.902, sig. =  0.000 and F =  262.850, 
sig. =  0.000 and F =  9.272, sig. =  0.000 and F =  2.147 and sig. =  0.000 and F 
=  2.243), as can be seen in Table A.2 in Appendix A. The three-way interaction was 
found to be statistically insignificant. As a check, non-parametric Kruskal-Wallis tests 
were performed on this set of data, and they found that the type of signal used was not 
significant (sig. =  0.931) but that both the stimulus and the loudspeaker segment were 
(sig. =  0.000).
In the case of Locatedness, see table A .3 in Appendix A, the repeated-measures 
ANOVA test found Signal, Segment, Stimulus as well as the Segment * Stimulus 
interaction were statistically significant (respectively sig. =  0.007 and F =  5.114, sig. 
=  0.000 and F =  27.852, sig. =  0.000 and F =  3.956, sig. =  0.000 and F =  2.089). 
The other interactions were found to be statistically insignificant. The Kruskall-Wallis 
tests performed on this set of data showed that Signal, Segment and Stimulus were all 
significant factors (sig. — 0.000).
To summarise, the combined repeated-measures ANOVA and Kruskal-Wallis results 
indicated that it is necessary to examine the changes in judged location and locatedness 
results caused by ICLD and ICTD (each pair of ICTD and ICLD leading to a stimulus 
value) separately for each loudspeaker segment, but that the source signal only caused 
a statistically significant change in locatedness without any statistically significant 
interactions.
As for the pilot experiment, the results of the main experiment showed that there were 
a number of front /  back confusions. If these results were included in the analysis, they 
could have a significant influence on both the means and the 95% confidence intervals 
of the judgements of perceived angle. It was therefore decided to remove the location 
judgements that were more than 30° outside of the loudspeaker segment that emitted 
sound.
The means and associated 95% confidence intervals of the judged location results 
caused by the changes in ICLD and ICTD are shown for each loudspeaker segment in 
fig. 5.5 to fig. 5.12.
As an alternative interpretation, a surface plot of the means of the location 
judgements caused by the changes in ICLD and ICTD are shown for each loudspeaker 
segment in fig. 5.13 to fig. 5.16. On these figures, the colour levels indicate the mean 
perceived angle, the x-axis shows the ICLD tested and the y-axis shows the ICTD 
tested. These maps were interpolated from the results obtained at the measurement 
points (which can be seen in fig. 5.1).
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Localisation curves for segment 1 
as a function of ICLD
ICLD (dB)
Figure 5.5: Localisation curves and 95% confidence intervals as a function of ICLD for 
all source signals between loudspeakers positioned at 0° and 45° for different values of 
ICTD.
Localisation curves for segment 2 
as a function of ICLD
ICLD (dB)
Figure 5.6: Localisation curves and 95% confidence intervals as a function of ICLD for 
all source signals between loudspeakers positioned at 45 ° and 90 ° for different values of 
ICTD.
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Localisation curves for segment 3 
as a function of ICLD
ICLD (dB)
Figure 5.7: Localisation curves and 95% confidence intervals as a function of ICLD for 
all source signals between loudspeakers positioned at 90° and 135° for different values 
of ICTD.
Localisation curves for segment 4 
as a function of ICLD
ICLD (dB)
Figure 5.8: Localisation curves and 95% confidence intervals as a function of ICLD for 
all source signals between loudspeakers positioned at 135° and 180° for different values 
of ICTD.
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Localisation curves for segment 1 
as a function of ICTD
Figure 5.9: Localisation curves and 95% confidence intervals as a function of ICTD for 
all source signals between loudspeakers positioned at 0° and 45° for different values of 
ICLD.
Localisation curves for segment 2 
as a function of ICTD
ICTD (ms)
Figure 5.10: Localisation curves and 95% confidence intervals as a function of ICTD for 
all source signals between loudspeakers positioned at 45 ° and 90 ° for different values of 
ICLD.
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Localisation curves for segment 3 
as a function of ICTD
ICTD (ms)
Figure 5.11: Localisation curves and 95% confidence intervals as a function of ICTD for 
all source signals between loudspeakers positioned at 90° and 135° for different values 
of ICLD.
Localisation curves for segment 4 
as a function of ICTD
ICTD (ms)
Figure 5.12: Localisation curves and 95% confidence intervals as a function of ICTD for 
all source signals between loudspeakers positioned at 135° and 180° for different values 
of ICLD.
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In figs. 5.5, 5.8, 5.9, 5.12, 5.13 and 5.16, it can be seen that changes in ICLD and 
ICTD cause the judged location in the segment between the 0 ° and 45 ° loudspeakers 
and in the segment between the 135 0 and 180 ° loudspeakers to follow a monotonic and 
relatively smooth trend. In addition, the combination of ICLD and ICTD values appears 
to result in a relatively linear addition of the judged location angle: the equiangle curves, 
i.e. the curves showing all the pairs of ICLD /  ICTD leading to a same judged angle, 
have a similar gradient to y =  x. This means that the angle shift of the phantom source 
is regular across both ICLD and ICTD variations.
On the contrary, figs. 5.6, 5.7, 5.10, 5.11, 5.14 and 5.15 show that, compared to the 
relatively smooth trends of the front and rear segments, for the side segments a smaller 
absolute value of ICLD is necessary for the phantom source to be perceived close to one 
of the loudspeakers. This means that a small change in ICLD could result in a large 
change of perceived position. Also, the variations in ICTD up to an absolute value of 
0.3 ms cause the judged position to change a certain amount, but beyond this there 
is little change in judged position caused by increasing the ICTD. Finally, the surface 
plots for the side loudspeaker segments are not symmetrical, in contrast to the front 
and rear loudspeaker segments: the limitation of variation caused by the ICTD seems 
to have more effect on the rear half of each of the side loudspeaker segments. It can be 
noted that the phantom sources created by varying the ICLD can be successfully moved 
across the whole range from one active loudspeaker to the other, but varying the ICTD 
across the range of values tested only moves the phantom source across a limited range 
of positions.
Locatedness was mostly rated in the top section of the scale, higher than “I have 
a slight doubt about the phantom source’s position”. As expected, rear loudspeaker 
segments were rated lower than frontal loudspeaker segments, see figs. 5.17 and 5.20. 
This is possibly due to the method of reporting the perceived location, as listeners cannot 
see behind them therefore making position judgements more difficult. They were allowed 
to move their head, but the sound was then faded out until they returned their head to 
the forward direction. Some of the listeners explained that because they could not rate 
the position while looking at the angles, they felt they had to rate locatedness lower. On 
those loudspeaker segments, the combinations of ICLD /  ICTD leading to a phantom 
source being perceived around 135 ° led to the worst locatedness ratings, especially for 
high values of absolute ICTD.
Locatedness was also rated lower for the cello than for the other source signals (see 
fig. 5.21). This is different from the results obtained in (Simon et al. 2009), where in a 
similar experiment which only involved variations in ICLD, noise was rated lower than
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Localisation map between 0 and 45 degrees
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Figure 5.13: Localisation map for all source signals between loudspeakers positioned at 
0° and 45°.
Localisation map between 45 and 90 degrees
ICLD (dB)
perceived angle (degrees)
Figure 5.14: Localisation map for all source signals between loudspeakers positioned at 
45° and 90°.
Localisation map between 90 and 135 degrees
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Figure 5.15: Localisation map for all source signals between loudspeakers positioned at 
90° and 135°.
Localisation map between 135 and 180 degrees
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Figure 5.16: Localisation map for all source signals between loudspeakers positioned at 
135° and 180°.
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Figure 5.17: Locatedness curves for all source signals between loudspeakers positioned 
at 0° and 45°.
the other source signals. The listeners had explained the noise sometimes seemed to 
come from two distinct places, but did not report such a problem during the current 
experiment.
It may be expected that there would be a correlation between locatedness and the 
variance of the judged angle, as poor locatedness may be related to a difficulty in locating 
the phantom source, which may in turn result in greater variance in the judgements made 
by the listeners. This was examined by calculating Pearson’s correlation coefficient for 
the mean of the locatedness versus the variance of the judged angles. The test was found 
highly significant (sig. =  0.000), with a Pearson’s r coefficient of -0.798. Fig. 5.22 shows 
the scatterplot of the perceived angle standard deviation versus locatedness mean. It 
shows a good correlation between the variables, thus supporting our hypothesis.
5.5 D iscussion
The experiment results showed that variations in the ICTD only caused the judged angle 
to the side of the listener to vary a small amount compared to the front, whereas the 
ICLD caused a larger offset from the mid-point between the active loudspeakers for 
a given ICLD compared to the front. It is possible that the use of a wider range of
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Locatedness map between 45 and 90 degrees
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Figure 5.18: Locatedness curves for all source signals between loudspeakers positioned 
at 45° and 90°.
Locatedness map between 90 and 135 degrees
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Figure 5.19: Locatedness curves for all source signals between loudspeakers positioned 
at 90° and 135°.
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Figure 5.20: Locatedness curves for all source signals between loudspeakers positioned 
at 135° and 180°.
Locatedness as a function of source signal
Source signal
Figure 5.21: Locatedness for each type of source signal.
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Figure 5.22: Scatterplot of perceived angle standard deviation versus locatedness mean. 
The line corresponds to the linear fit of the curve.
ICTD values may have caused the phantom sources to be judged at either of the active 
loudspeakers, but the relatively small variation for absolute values greater than 0.3 ms 
indicates that this is not necessarily the case.
Fig. 5.23 and fig. 5.24 show respectively the pure ICLD and pure ICTD localisation 
curves measured in this experiment for each segment. It can be seen that there is little 
difference between the means of localisation curves measured to the rear of the listener 
and those measured to the front of the listener, despite the expectation that accurate 
judgement of location would be more difficult for stimuli at the rear. Both front and 
rear ICLD localisation curves are linear in comparison to the ICLD localisation curves 
measured to the side of the listener. The ICTD localisation curves show that obtaining 
an angle shift large enough to localise a phantom source at a loudspeaker is more difficult 
to the side of the listener.
The results of these experiments were compared with Martin et al’s 1999 results 
(Martin et al. 1999) measured for two loudspeakers located at 0 ° and 30° and for 
loudspeakers located at 30° and 120°. In order to compare the results, Martin et 
al’s results were scaled to match the subtended angle between the loudspeakers used 
in this experiment (based on Theile’s assumption of scalability (Theile 2001) discussed 
in chapter 2). For example, an ICLD causing a phantom source to be perceived at 30° on 
Martin et al’s frontal loudspeaker segment (i.e. in the right hand loudspeaker) is scaled
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Comparison between the measured perceived angles 
as a function of ICLD only, for each loudspeaker segment
Figure 5.23: Comparison between the localisation curves measured in this experiment 
for ICLD variation without any ICTD, for each loudspeaker segment. Error bars show 
the 95% confidence interval.
Comparison between the measured perceived angles 
as a function of ICTD only, for each loudspeaker segment
Figure 5.24: Comparison between the localisation curves measured in this experiment 
for ICTD variation without any ICLD, for each loudspeaker segment. Error bars show 
the 95% confidence interval.
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Comparison between Martin et al. and measured perceived angles 
as a function of ICLD
Figure 5.25: Comparison between Martin et al’s ICLD localisation curve between
loudspeakers at 0 °  and 30°, the perceived angles being scaled to 0 to 45°, and ICLD 
localisation curves measured during this experiment for the frontal and rear loudspeaker 
segments. Error bars show the 95% confidence interval.
in these figures to be 45°.
Fig. 5.25 shows the difference between the perceived angles Martin et al. measured 
in a case of pure ICLD and those measured in the current experiment for the frontal 
and rear segments of the octagon. It can be seen that Martin et al’s curve and the front 
and rear segment curves have a similar trend, although Martin et al’s perceived angles 
tend to be closer to the side loudspeaker. This might be due to the fact that they were 
measured with the lateral loudspeaker at 30°, which might require a smaller ICLD to 
fully pan sources.
Fig. 5.26 shows the difference between the perceived angles Martin et al measured 
in a case of pure ICTD and those measured in the current experiment for the frontal 
and real' segments of the octagon. Once again, the curve measured by Martin follows a 
trend similar to the curves measured to the front and to the rear of the listener, but the 
phantom source tends to be perceived closer to the side loudspeaker in this case too.
Martin et al. also measured localisation curves to the side of the listener, between 
loudspeakers located at 30° and 120°. Fig. 5.27 and fig. 5.28 show the comparison 
between the curves measured by Martin et al., scaled, and those measured on the octagon 
loudspeaker array for pure ICLD and pure ICTD.
It can be seen that the ICLD localisation curves to the side of the listener show that
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Comparison between Martin et al. and measured perceived angles 
as a function of ICTD
Figure 5.26: Comparison between Martin et al’s ICTD localisation curve between
loudspeakers at 0° and 30°, the perceived angles being scaled to 0 to 45°, and ICTD 
localisation curves measured during this experiment for the frontal and rear loudspeaker 
segments. Error bars show the 95% confidence interval.
Comparison between Martin et al. and measured perceived angles 
as a function of ICLD
Figure 5.27: Comparison between Martin et al’s ICLD localisation curve between
loudspeakers at 30° and 110°, the perceived angles being scaled to 0 to 45°, and ICLD 
localisation curves measured during this experiment for the side loudspeaker segments. 
Error bars show the 95% confidence interval.
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as a function of ICTD only
Figure 5.28: Comparison between Martin et al’s ICTD localisation curve between
loudspeakers at 30° and 110°, the perceived angles being scaled to 0 to 45°, and ICTD 
localisation curves measured during this experiment for the side loudspeaker segments. 
Error bars show the 95% confidence interval.
the phantom sources tend to be attracted to the loudspeaker for the three loudspeaker 
configurations. In comparison, the ICTD localisation curves showed larger variance in 
the results. It is possible that this was caused by difficulties in accurately indicating 
the perceived location of the sounds to the side, due to the experimental method, or 
differences in the location perceived by each listener.
Finally, the results of this experiment were compared with the results of Kim et al 
(Kim et al. 2008), who determined localisation curves for amplitude panning between 
two loudspeakers located at 30 and 110 degrees. As for the results above, Kim’s results 
were scaled to allow comparison with the data from this experiment.
Fig. 5.29 compares Kim et al’s localisation curve and those measured in the current 
experiment. It can be seen that Kim’s curve has the same tendency as the 45 to 90° 
localisation curve from this experiment. The position of the loudspeakers in Kim et al’s 
experiment was more similar to this loudspeaker segment than to any other of the octagon 
configuration. However, Kim et al’s experiment did not evaluate the ICLD necessary to 
fully pan a source signal.
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as a function of ICLD
Figure 5.29: Comparison between Kim et al’s ICLD localisation curve between
loudspeakers at 30° and 110°, the perceived angles being scaled to 0 to 45°, and 
localisation curves measured during this experiment. Error bars show the 95% confidence 
interval.
5.6 Conclusion
This experiment measured localisation and locatedness curves for an octagonal array 
of loudspeakers. It was found that the perception of a phantom source’s location and 
locatedness is symmetrical about the median plane on this configuration. It was found 
that localisation curves vary depending on the specific loudspeaker segment. It was also 
found that the localisation curves are close to linear on the frontal segments but that on 
the side segments, the ICTD has limited effect whilst a small variation in ICLD can lead 
to a large change in the phantom source position.
The localisation curves were found to be symmetrical around the middle of the 
loudspeaker segment for the front and rear segments (i.e. if a combination of ICLD 
(a) and ICTD (f3) lead to the phantom source being perceived 9 ° away from the middle 
of the loudspeaker segment, a combination -a  and -fi lead to the phantom source being 
perceived -9°  away from the middle of the loudspeaker segment).
The comparisons between the results of this experiment and the results of similar 
experiments conducted on different loudspeaker setups show that when using a particular 
loudspeaker setup, it is preferable to use localisation curves measured on the same 
configuration of loudspeakers. However, in the absence of such curves, the use
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of localisation curves measured on a loudspeaker setup having small differences of 
loudspeaker placement, scaled for the angles of the loudspeaker setup in use, can be 
an acceptable compromise.
Chapter 6
Design and Evaluation of 8-channel 
microphone arrays
In the previous chapter, localisation curves were derived for the octagon loudspeaker 
array. Chapter 4 showed how localisation curves can be used for microphone array design, 
and addressed some considerations about microphone array design, such as the influence 
of crosstalk on the perception of the sound images’ positions and width. It showed that 
though localisation curves are useful for microphone array design, crosstalk needs to be 
taken into account, as this will affect the sound images produced by a loudspeaker array.
After presenting a microphone array design tool that was developed using the 
localisation curves measured in the previous chapter, this chapter will discuss the 
microphone arrays designed with this tool.
As can be seen in section 6.2, the geometry, the diameter of the array and the 
directivity of the microphones have an influence on the crosstalk between the channels. 
It was expected, according to Lee (2006), and as discussed in chapter 4, that this would 
change both the perceived position and the width of the phantom images, especially 
when the main interchannel differences are time differences. A listening test evaluating 
both the perceived sound image positions and the perceived source width are therefore 
presented. In addition, the results of the judged sound image positions will be compared 
to those predicted based on the localisation curves described in chapter 5.
6.1 M icrophone array design too l
In order to design microphone arrays for the octagon loudspeaker system using the 
localisation curves determined in chapter 5, a MATLAB interface was designed. With
141
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Figure 6.1: Routing of the microphone signals to the loudspeakers
this interface, the user can specify the positions of eight microphones (the signal of the 
first microphone is routed to the front loudspeaker, the signal of the second microphone 
is routed to the front right loudspeaker, and so on, as can be seen in fig. 6.1) their 
directivities, the direction they are facing and optional electronic gains or delays. The 
program simulates a sound source located 3 metres away from the origin of the spatial 
coordinates (usually the centre of the array). The source is rotated around an arc 3 
metres from the origin in the horizontal plane at the same level as the microphones, 
with calculations made around the whole 360° with 1° resolution. For every position 
of the simulated sound source, the program estimates the level of sound recorded by 
each microphone, with respect to the level at the origin of the spatial coordinates (as 
determined by simulation on an omnidirectional reference microphone at this position). 
It also estimates the arrival time of the sound wave at each microphone with respect to 
the arrival time of the sound wave at the origin of the spatial coordinates.
For each segment of the microphone array, the ICLD and the ICTD are deduced from 
the level and arrival time of the signal at each microphone. The ICLD and the ICTD 
obtained are compared to the localisation curves measured previously on the octagon 
loudspeaker array. A localisation profile is then derived for each microphone segment, as
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a function of the sound source’s direction.
A global localisation profile is proposed for each microphone array. In order to draw 
this profile, it is assumed that the microphone array aims at a linear reproduction of 
sound, i.e. that when a recording of a sound source located 6 0 off-centre is played on 
the octagon loudspeaker array, the aim is for the phantom source to be perceived 6°  
off-centre too. All the microphone arrays designed for the octagon loudspeaker array 
are expected to be left-right symmetrical. Therefore, the global localisation profile is 
composed of four portions of localisation profiles. Table 6.1 shows the assignment of the 
localisation profiles of the pairs of microphones to the portions of the global localisation 
profile.
Range of directions of the Localisation profile using mi­
sound source crophones number
0° to 45° 1 and 2
45° to 90° 2 and 3
90° to 135° 3 and 4
135° to 180° 4 and 5
Table 6.1: Correspondence between the direction of the sound source and the microphone 
profile used in order to build the global localisation profile.
Fig. 6.2 shows an example of a microphone array global localisation curve. In this 
case, the microphone array consists of cardioid microphones positioned at the corners of a 
regular octagon with a diameter of 2.5m. On the global localisation curves estimated by 
the microphone array design tool, the predicted sound image angle is shown as a function 
of the original sound source angle. The ideal microphone array would have a straight 
line y =  x localisation curve, which means that the sound images would be localised at 
the same positions as the original sound sources. The gaps in the curve are where the 
combination of ICLDs and ICTDs is beyond the range tested in the previous experiment, 
and hence the system is unable to predict the sound source angle.
6.2 8-channel m icrophone array designs
When varying physical parameters of a microphone array such as the diameter of the 
array or the directivity of the microphones, it was expected that the perceived sound 
image created by the reproduction system would vary too. Several factors may affect the 
localisation characteristics of the microphone arrays:
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Predicted angles for the combined segments
Figure 6.2: Global localisation curve of the 2.5 metre diameter regularly spaced cardioid 
microphone array
•  The diameter of the microphone array (for regularly-spaced microphones arrays)
•  The directivity of the microphones
• Geometry of the microphone array
•  The sound sources positions
It was found in the experiment described in chapter 5 that the localisation curves are 
somewhat dependent on the angles of the loudspeaker segment around the head. These 
curves were elicited using listeners whose heads were fixed, therefore the microphone 
array profiles that are derived from this also assume a fixed head position. However, 
listeners do not always keep their heads still. If listeners move their heads, it may 
affect the perceived localisation, and this may result in the perceived sound positions 
being different from that predicted, in a manner that is beyond the control of the sound 
engineer. A compromise between forcing the listener not to move his head and having no 
control on the listener’s perception of sound images would be to use a regular microphone 
array. As shown in the results of chapter 5, this will result in small but significant errors 
in localisation for any given listener orientation.
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In the general case of sound reproduction on the horizontal plane, no assumption 
can be made about the direction the listener will be facing. Regular microphone arrays 
are therefore expected to be more commonly used than irregular microphone arrays. 
However, if a direction of head is assumed, an optimised microphone technique can be 
employed, which would be likely to be an irregular microphone array. For this reason, in 
this chapter, both regular and irregular microphone arrays were tested, and their results 
compared.
6.2.1 The microphone array diameter
This section discusses the influence of the microphone array diameter on the localisation 
of sound images, in the case of a regular microphone array.
As discussed in chapter 4, the distance between two microphones introduces an ICTD 
that is dependent on the position of the microphones and the position of the sound source. 
As a consequence, there is a simple relationship between the diameter of the microphone 
array and the ICTDs.
If the diameter is too small (for example, in a regular microphone array having a 
diameter of 50 cm), the distance between two adjacent microphones (19 cm in the case of 
this example) is not sufficient for the phantom image produced by the pair to be perceived 
inside one of the loudspeakers because the ICTD is too small, with a maximum of 0.225 
ms for a sound source in the axis of one of the microphones, as can be seen in fig. 6.3. 
The images produced by each microphone pair would therefore tend to be perceived, 
if only two loudspeakers at a time were active, around the middle of the loudspeaker 
segment.
On the contrary, if the diameter is too large, it can be difficult to produce a phantom 
image in the middle of a loudspeaker segment, as a small angle shift of the sound source 
is sufficient to produce a large ICTD. For example, in a regular microphone array having 
a diameter of 2.5m, an ICTD of up to 1.35 ms can be created by a sound source located 
to the front of the microphone segment, as seen in fig. 6.4. According to chapter 5, this 
ICTD alone is sufficient to fully pan a phantom image in one of the loudspeakers in most 
loudspeaker conditions.
In addition to the ICTDs, the diameter of the microphone array has an influence on 
the relative level of each channel due to the variation in distance. A small microphone 
array diameter leads to small differences between the microphone signals. The crosstalk 
(i.e. the amount of signal captured by microphones outside the adjacent pair that make 
up a segment) is therefore large, which can increase the width of the perceived phantom
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Predicted angles for the first microphone segment
Figure 6.3: Predicted sound image angle between two adjacent microphones of a 0.5m  
diameter omnidirectional regular microphone array as a function of the sound source 
angle. The prediction is based on the localisation curves derived in chaper 5. An angle 
of 0 ° indicates the direction in the axis of the first microphone.
Predicted angles for the first microphone segment
C H A P T E R  6. 8 - C H A N N E L  M I C R O P H O N E  A R R A Y S  147
S o u n d  s o u r c e  a n g le
Figure 6.4: Predicted sound image angle between two adjacent microphones of a 2.5m  
diameter omnidirectional regular microphone array as a function of the sound source 
angle. The prediction is based on the localisation curves derived in chaper 5. An angle 
of 0 ° indicates the direction in the axis of the first microphone.
images and/or shift the positions of these images, as discussed by Lee (2006) and in 
chapter 4.
As can be seen in fig. 6.5, the maximum ICLD (between diametrically opposite 
microphones) is obtained when the sound source is in the axis of one of the microphones. 
In this condition, the diametrically-opposite ICLD is 7 dB, larger than the 1.4 dB of ICLD 
produced between the diametrically-opposite microphones of a 0.5m omnidirectional 
microphone array, as can be seen in fig. 6.6.
The diameter of the microphone array therefore has an influence on ICTD, ICLD 
(hence an influence on the perceived direction of the sound source) and on the level of 
crosstalk. Hence, it was one of the parameters tested for regular microphone arrays, 
and three values were used in initial tests: 0.5, 1.5m and 2.5m. The 1.5m diameter 
arrays were removed from the set after a pilot test: the results of the three microphone 
array diameters followed a general trend, so that the results of the experiment could be 
judged from the extreme values of diameter. No larger diameter was tested: for an array 
diameter larger than 2.5m, the ICTD produced between the microphones by a sound 
source on the axis of the microphone, 3 metres away from the centre of the microphone
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Level recorded by each microphone
Figure 6.5: Level recorded by each microphone of a 2.5m diameter omnidirectional regular 
microphone array as a function of the sound source position.
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Figure 6.6: Level recorded by each microphone of a 0.5m diameter omnidirectional regular 
microphone array as a function of the sound source position.
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Predicted angles for the combined segments
Figure 6.7: Global localisation profile of a 2.5m diameter regular omnidirectional array 
and a 2.5m diameter regular supercardioid array.
array, is close to the ICTD limit that was set in the experiment described in chapter 5. 
As the purpose of the experiment is to compare the localisation profiles estimated by 
the microphone array design tool and the localisation profiles perceived by listeners, it is 
necessary to limit the set of microphone arrays to those that would produce combinations 
of ICLDs and ICTDs for which the perceived angle data is available.
6.2.2 The microphone directivity
In a regularly-spaced 8-channel microphone array, the directivity of the microphone has 
a limited effect on the localisation profile, as can be seen in fig. 6.7. This is due to the 
small angle (45°) between two adjacent microphones, as the level difference captured 
across the segment from such closely spaced microphones is similar for all first-order 
microphone directivities.
In the case of a 2.5m diameter omnidirectional array, a sound source located 3 metres 
away from the centre of the microphone array in the axis of one of the microphones 
produces an ICLD of 2.35 dB. In the case of a 2.5m diameter supercardioid array, the 
ICLD produced is 6.65 dB, as can be seen in fig. 6.8.
When the sound source is further away from the centre of the array, these ICLD
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ICLD between two adjacent microphones for a 2.5m diameter
Figure 6.8: ICLD between two adjacent microphones of a 2.5m diameter regular
microphone array as a function of the sound source angle. An angle of 0° indicates 
the direction between both microphone axis.
values are larger, with 4.5 dB and 21.5 dB of ICLD in the case of omnidirectional and 
supercardioid microphones when the sound source is 5 metres away from the centre of the 
microphone array. Similarly, having the sound source 3 metres away from the centre of 
the microphone array but a smaller diameter for the microphone array, the ICLD values 
are also smaller, as can be seen in fig. 6.9. ICLD is therefore insufficient to fully pan 
a phantom image to one of the loudspeakers. Although more directional microphones 
increase the ICLD between channels, an ICTD is necessary to fully pan a sound image 
to one of the loudspeakers. According to chapter 5, an ICTD of 1.3ms needs to be added 
to an ICLD of 2.35 dB (produced by a 2.5m diameter omnidirectional microphone array) 
in order to fully pan the sound image to one of the loudspeakers. Similarly, for a 2.5m 
diameter supercardioid array with a maximum ICLD of 6.65 dB, an ICTD of 1ms needs 
to be added. As seen in the previous section, the ICTDs can be controlled through the 
diameter of the microphone array.
However, the localisation profile is estimated by considering only pairs of loudspeak­
ers. It does therefore not take the crosstalk into account. In addition to increasing the 
ICLD between adjacent channels, use of directional microphones reduces the crosstalk 
and the level of diffuse sound recorded. Chapter 4 showed how the directivity of the
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ICLD between two adjacent microphones for a 0.5m diameter 
regular array, as a function of sound source angle
Figure 6.9: ICLD between two adjacent microphones of a 0.5m diameter regular
microphone array as a function of the sound source angle. An angle of 0 °  indicates 
the direction between both microphone axis.
microphones has an influence on the direct-to-diffuse ratio. Directional microphones 
record mainly the sounds that are coming from their frontal direction, as was seen in 
chapter 4. Therefore they record at a lower level the sounds sources located outside 
of their loudspeaker segments’ SRA compared to omnidirectional microphones, as can 
be seen in fig. 6.10. Hence with regular microphone arrays, the directivity of the 
microphones is expected to vary the amount of crosstalk. As discussed in chapter 4, 
the amount of crosstalk may affect the perceived width of the sound image as well as the 
perceived location. Hence the directivity of the microphones may affect the accuracy by 
which the microphone array design tool predicts the localisation profile perceived by the 
listeners.
6.2.3 Geometry of the microphone arrays
When it can be assumed that the listener is always facing forward, it is possible to 
optimise the microphone technique using the conclusions of the previous chapter.
Chapter 5 showed that to the side of the listener, ICTDs lead to less stable phantom 
images and that using solely ICTDs means that the phantom image cannot be positioned 
inside one of the loudspeakers. It was therefore advised, when designing a microphone
C H A P T E R  6. 8 - C H A N N E L  M I C R O P H O N E  A R R A Y S  152
Level recorded by each microphone
Figure 6.10: Level recorded by the front microphone of a 2.5m diameter supercardioid 
and a 2.5m diameter omnidirectional regular array.
array for precise localisation, to use a technique mainly based on ICLDs to the side of 
the listener and mainly ICTD to the front and rear of the listener.
Using the numbering shown in fig. 6.1, the distance between microphones 1 and 2, 1 
and 8, 5 and 4, and 5 and 6 must be large enough to produce an ICTD of 1.2 ms when 
the sound source is located to the front or to the rear of the microphone array. This leads 
to an array similar to the one shown in fig. 6.11. Using the figure, x  can be deduced 
for any ICTD t, where a is the distance from the source to microphone 1 and c is the 
velocity of sound in the air:
h = a + ct (6.1)
h = y j  a? +  x 2 (6-2)
x  — \J  c2t 2 +  2 act (6.3)
For a distance of 3 metres between the sound source and the origin, in order for t to 
equal 1.2ms, x  needs to be 1.6m.
The angle between microphone 2 and 3 (and by symmetry, between microphones 3
and 4, 6 and 7, and 7 and 8) could not be larger than 90°. Had it been larger than 90°,
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Figure 6.11: Original position of the front-optimised microphone array.
it would have been possible for a sound source moving from 0 ° to 45 ° to see its level 
decrease more in the microphone 2 than in the microphone 1, leading to an unnatural 
case of a positive ICLD and positive ICTD at the same time.
Once the base structure was defined, the microphone array spacings were optimised 
using the microphone array design tool, in order to produce a continuous localisation 
curve to the side of the listener and to the front, as can be seen in fig. 6.12. It can be 
seen that the localisation profile is linear to the side of the listener, but that the phantom 
images are expected to be attracted to the loudspeakers to the front and to the rear of 
the listener, as the localisation profile shows a flat line at those points.
The layout of the microphone array can be seen in fig. 6.13. The front and rear 
microphones are omnidirectional, in order to produce only ICTDs to the front of the 
listener, but a similar array using cardioid microphones was also tested, as section 
6.2.2 showed that the directivity of the microphones, when the angle between two 
adjacent microphones is small, has little influence on the ICLDs, hence little influence 
on the localisation profile. It was expected that the high levels of crosstalk between the 
omnidirectional front and rear microphones would cause larger differences between the 
predicted localisation profiles and the actual localisation profiles.
In order to test the relevance of the technique described above, the opposite technique 
- producing mainly ICTD to the side of the listener and mainly ICLD to the front of the 
listener - was also tested. It was also optimised using the microphone array design tool, 
which led to the design shown in fig. 6.15, and its localisation profile shown in fig. 6.14. It
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Predicted angles for the combined segments
Figure 6.12: Global localisation curve of the microphone array producing only ICLD to 
the side of the listener.
Position on the x axis (cm)
Figure 6.13: Microphone array configuration of the side-ICLD microphone array.
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Predicted angles for the combined segments
Figure 6.14: Global localisation curve of the microphone array producing only ICLD to 
the front of the listener.
can be seen that these microphone arrays produce continuous, linear images to the front 
and to the rear of the microphone arrays, but not to the side, where the combinations of 
ICLD and ICTD lead to unknown perceived directions (shown by a broken line).
6.3 Experim ental conditions
The aim of this experiment was to validate the use of the localisation curves derived in 
the previous chapter, using microphone arrays to record sound sources, predicting the 
locations of the sound images with the localisation cui'ves, and comparing these locations 
to the actual locations of the sound images, evaluated in a listening test. The errors of 
prediction were analysed as a function of the crosstalk levels and delays, original acoustic 
environment and position of the sound source.
The experiment used a similar setup to that described in chapter 5; the hardware 
and listening room were the same. The only experimental differences were the stimuli 
and the perceptual attributes evaluated by the listeners.
This section therefore describes the microphone arrays used in the experiment, as 
well as the original acoustical environments, the position of the sound sources, the source 
signals and the perceptual attributes listeners were asked to rate.
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Position on the x axis (cm)
Figure 6.15: Microphone array configuration of the front-ICLD microphone array. 
6.3.1 M icrophone arrays evaluated
A total of 6 regular microphone arrays and 4 irregular (optimised for static listeners, as 
discussed in section 6.2.3) microphone arrays were evaluated. Table. 6.2 shows the list of 
microphone arrays tested in this experiment, describing the differences of design between 
the microphone arrays.
These microphone arrays’ localisation profiles, as estimated by the microphone array 
design tool, are shown in appendix B. Some of these curves can also be found in this 
chapter. In the case of regular arrays, the distribution of the microphones is not shown, 
as it is similar to the distribution seen in fig. 6.16.
It can be seen in fig. 6.17 that the microphone arrays with a 0.5m diameter are not 
spaced enough to linearly pan the sound sources across the horizontal plane: the steps 
are caused by the change of segment. It is therefore expected that the phantom images 
will not be perceived only in the middle of the loudspeaker segments but that a blurred 
transition occurs: the sound source moves continuously around the microphone array, 
the directivity of the microphones is continuous, and the mechanisms of localisation 
are continuous too, as discussed in chapter 2. The localisation of the sound image is 
therefore unlikely to jump from one place to another. As the crosstalk level is high and 
the crosstalk delays are low, it is expected that the crosstalk will smooth the localisation 
of the sound images, increasing the localisation blur, as shown by Lee (2006). This was 
expected to be particularly the case for the omnidirectional array, as the crosstalk levels
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Condition Type of array Diameter Directivity Room
1 Control array N.A. N.A. N.A.
2 Regular 0.5 Cardioid Studio
3 Regular 0.5 Cardioid Concert
4 Regular 2.5 Cardioid Studio
5 Regular 2.5 Cardioid Concert
6 Regular 0.5 Omnidirectional Studio
7 Regular 0.5 Omnidirectional Concert
8 Regular 2.5 Omnidirectional Studio
9 Regular 2.5 Omnidirectional Concert
10 Side ICLD N.A. Cardioid Studio
11 Side ICLD N.A. Cardioid Concert
12 Side ICLD N.A. Omnidirectional Studio
13 Side ICLD N.A. Omnidirectional Concert
14 Front ICLD N.A. Cardioid Studio
15 Front ICLD N.A. Cardioid Concert
16 Front ICLD N.A. Omnidirectional Studio
17 Front ICLD N.A. Omnidirectional Concert
18 Regular 0.5 Supercardioid Studio
19 Regular 0.5 Supercardioid Concert
20 Regular 2.5 Supercardioid Studio
21 Regular 2.5 Supercardioid Concert
Table 6.2: List of the 21 microphone array conditions used in the experiment. N.A. 
indicates that the field is Not Applicable to the microphone array.
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Microphones’ positions (in cm)
Figure 6.16: Microphone array configuration of a 2.5m diameter regular cardioid array.
are high, as can be seen in fig. 6.18.
In addition, the small differences between the localisation curves of the omnidirec­
tional arrays and the supercardioid arrays mean that if the crosstalk has a negligible 
perceptual effect, then the directivity was expected to be a statistically insignificant 
variable for the rating of the sound source’s position. If a statistically significant difference 
is seen, it means that crosstalk will need to be taken into account.
On the contrary, for the arrays with a diameter of 2.5m, the ICTDs and ICLDs 
between pairs of adjacent microphones are so large that the phantom images are expected 
to be attracted to the loudspeakers. This is shown in fig. 6.19. As explained in section
6.1, a break in the curve means that the perceived angle cannot be predicted from the 
combination of ICLDs and ICTDs resulting from the sound source position. As discussed 
in section 6.2, ICTDs can be up to 1.35ms, so when an ICLD is added, it is beyond the 
range tested in the previous experiment.
For each of the 10 microphone arrays, the sound sources’ impulse responses were 
recorded in 10 different positions, for a total of 100 sets of 8-channel impulse responses 
per room. In addition, the 10 sound source positions were simulated using ICLD-based 
pairwise panning based on the localisation curves measured previously. For simplicity, 
in this report, the pairwise panning stimuli will be referred to as the control microphone 
array stimuli.
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Figure 6.17: Global localisation curve of the 0.5 metre diameter regularly spaced
microphone arrays.
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Figure 6.18: Level of the signal at each microphone as a function of the sound source 
direction using the 0.5 metre diameter regularly spaced omnidirectional microphone array.
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Predicted angles for the combined segments
Figure 6.19: Global localisation curve of the 2.5 metre diameter regularly spaced
microphone arrays.
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Figure 6.20: Delay of the signal at each microphone as a function of the sound source 
direction using the 2.5 metre diameter regularly spaced omnidirectional microphone array.
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6.3.2 Original acoustical environm ents
According to Blauert (1996), Moore (2003) and Hartmann (1990), room reflections can 
play an important role in sound source localisation: the integration of the reflections 
through the law of the first wavefront can change the perceived direction of the sound 
image. In addition, it was expected that sound sources recorded in different rooms would 
be perceived as having different source width, though the exact relationship between 
the source width and the room acoustical parameters has been subject to discussion 
(Griesinger 1999).
Each microphone array was therefore used in two different rooms: a small classical 
studio (room 1), having an RT60 of 1.03s, and a size of approximately 17m width x 14m 
depth x 7m height and a concert room (room 2), having an RT60 of 2.47s, and a size of 
approximately 20m width x 30m depth x 20m height.
6.3.3 Source positions
10 loudspeakers were positioned around the microphone array, every 36°. The first 
loudspeaker was located 5° off-centre, in order to avoid having any sound source at 
the same angle as a loudspeaker, as can be seen in fig. 6.21. In addition, this setting 
meant that the sound source positions around the microphone array were not symmetrical 
around the median plane, leading to more positions tested when the symmetry of the 
global system and listeners’ perception was assumed. The loudspeakers were located 3 
metres away from the centre of the microphone array, as a 6m diameter circle is a likely 
size for a music ensemble.
The loudspeakers were 10 Genelec 8020A on loudspeaker stands, at a height of 1.35m, 
which is the expected height for a music instrument played in an orchestra by a seated 
musician. The microphone arrays were used at a height of 1.70m, above the orchestra, 
as it was the minimum height possible for the microphone structure used to build the 
microphone arrays.
6.3.4 Recording the audio content
In order to offer the freedom of using any type of source signal, the impulse responses 
from each loudsepaker to each microphone were captured, and were then convolved with 
the desired source signals in MATLAB.
For comparison between the convolved impulse response and the real recorded 
sound, a voice signal was played through the first loudspeaker and recorded with each 
microphone array. This signal was also convolved with the impulse responses and
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Figure 6.21: Location of the sound sources around the microphone array.
informally compared to the recording in a preliminary informal test. It showed that the 
main difference between the signal played through the source loudspeakers and the signal 
convolved with the impulse response of the source loudspeakers was a higher background 
noise level when the direct recording method was used. It should be noted, though, that 
there were some low level artifacts caused by the convolution in the convoluted signals, 
like pre-echo and birdies. It was considered that these would not be a major issue for 
the experiment.
The impulse responses were captured on a Macboolc Pro laptop using an RME 
Fireface sound card. Adobe Audition and the Aurora plug-in were used to generate a 
sine sweep and its inverse response. Then for each microphone array at each microphone 
height in each room, sine sweeps were played sequentially from each loudspeaker and 
recorded using all the microphones.
In MATLAB, the impulse responses of each loudspeaker to each microphone of each 
microphone array were derived, enabling the experimenter to simulate any source signal 
at any loudspeaker position using any of the microphone arrays under test.
o
Q O
o  +  o
o o o
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6.3.5 Source signals
In the previous experiment, four types of source signals were tested. It was shown that 
the type of source signal had a statistically insignificant influence on both the location 
and locatedness of the perceived sound image. Therefore, for this experiment, a single 
source signal was used. The female voice was chosen because of the familiarity of listeners 
with human voice and because of the wide range of spectral and temporal cues.
The 10 sound source positions are not left /  right symmetrical, and the previous 
experiments showed that localisation to the left and to the right of the listener was not 
significantly different. Therefore, in order to reduce bias caused by expectation, the side 
on which each stimulus was reproduced was pseudo-randomly alternated. When the side 
is alternated, loudspeakers 2, 3 and 4 signals are sent respectively to loudspeakers 8, 7 
and 6. For each listener, half of the stimuli were left/right reversed, and each listener will 
be paired to another so that the alternation of the recordings is complementary between 
both listeners.
This resulted in 120 stimuli per room in which recordings were made, plus 12 control 
stimuli, for a total of 252 stimuli.
6.3.6 Perceptual attributes
As discussed above, based on the research of Lee (2006), microphone arrays that produce 
a large amount of crosstalk are likely to produce shifted, unstable, wider sound images. 
It was therefore decided to evaluate the direction of the perceived phantom images as 
well as the width of the sound image. The user interface for the localisation was identical 
to the previous experiment, whereas the width part of the experiment used a similar 
interface, but with different scale labels. The bottom of the scale was labelled “narrow”, 
while the top of the scale was labelled “wide”.
In order to help the listeners use the full width scale, the listeners undertook a 
familiarisation session composed of stimuli recorded using different microphone arrays. 
The stimuli included in the familiarisation session were selected prior to the experiment 
by the experimenter in order to cover a wide range of source width.
It was expected that the microphone arrays using omnidirectional microphones 
would produce wider sound images than the microphone arrays using more directional 
microphones, as the crosstalk would be higher, and as discussed in chapter 2, Lee showed 
that crosstalk causes a widening of the sound images.
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6.3.7 Sum mary of the recording conditions
The independant variables tested in this experiment were therefore:
•  2 original acoustical environments
• 10 sound sources positioned around the array
• 10 8-channel microphone arrays, including:
-  4 irregular microphone arrays
— 6 regular microphone arrays, combining 2 different diameters and 3 different 
directivities
•  2 perceptual attributes
For each microphone array, 2 sound source positions were repeated, as a way to 
evaluate the listener’s consistency. The repeated positions were different for each 
microphone array.
The same headtracking system as the one described in chapter 5 was used in this 
experiment. It made sure listeners were rating the stimuli when facing forward and in 
the central position (the sounds were faded out whenever the listener moved by more than 
5 0 away from the front direction or by more than one inch from the central position).
6.4 A nalysis
6.4.1 Front-back confusions
Initial examination of the data showed that there were a significant number of front-back 
confusions in the results (where stimuli intended to be positioned in the front hemisphere 
were perceived to be in the rear hemisphere, and vice versa). According to the listeners, 
it was regularly difficult to know whether the sound was coming from the front or from 
the rear, although its width was well defined. This can be seen in the results by a total 
of 21% of the localisation ratings that showed front-back confusion. The listeners were 
found to be inconsistent in their confusions: when the stimuli for which a confusion 
occured was repeated later in the test, they regularly did not suffer any confusion (or the 
confusion might have occurred only on the second rating of a repeated stimulus). It was 
therefore decided to correct those confusions for the analysis by transforming them to 
the correct hemisphere: for example a front-back confusion that was judged as coming 
from 140 ° off-centre was replaced by 40 0 off-centre.
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The front-back confusions can however give additional information about the 
microphone arrays.
Whilst confusions might not be a problem for diffuse sound reproduction, they are 
undesirable for precise localisation, as they give a wrong information (or conflicting 
information, as the listener might have two different ideas of where the sound could come 
from) about the sound image’s position. It should however be noted that according to 
Pollack & Rose (1967), head movements can improve localisation performance, and in 
particular, front-back confusions. The listeners who undertook the experiment said when 
they had a doubt about which hemisphere the sound came from, they tried to move their 
head within the range allowed by the headtraclcer, and that it helped them. But the 
range of movement allowed was purposely limited; real-life listening conditions might 
not suffer from such a large amount of confusions.
A repeated-measures ANOVA was run for both the regular and the irregular arrays. 
For the regular arrays, the independent variables were the source position, the room, 
the diameter of the array and the directivity of the array. For the irregular arrays, 
the independent variables were the source position, the room, the directivity of the two 
separated microphones and the type of microphone array (i.e. producing mainly ICLD 
to the side or to the front of the system). It showed that for regular microphone arrays, 
both the sound position (sig. =  0.000, F =  10.273) and the diameter of the array (sig. =  
0.000, F =  68.924) have a significant influence on the amount of front-back confusions. 
The interaction between the sound position and the diameter, and between the sound 
position and the directivity were both found significant (sig. =  0.017 and sig. =  0.013) 
but have a limited effect (F =  2.43 and F =  1.98), as can be seen in table A.4 in Appendix 
A.
Fig. 6.22 shows the mean confusion score for regular arrays as a function of the 
microphone array diameter. For each stimulus for each listener, a confusion value of 
0 is given if there was no confusion and a confusion value of 1 is given if there was a 
confusion. It can be seen that there was significantly more confusion for small diameter 
microphone arrays than for large diameter microphone array (nearly twice as many front- 
back confusions).
Fig. 6.23 shows the mean confusion score for regular microphone arrays as a function 
of the sound position. It can be seen that more front-back confusions occurred to the side 
of the listeners. It might be related to the worse localisation performance of the listeners 
to the side than to the front (as was seen in chapter 5, the confidence intervals were 
larger to the side of the listener than to the front). It should also be noted than when 
mentioning their awareness of front-back confusions, listeners generally mentioned front-
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Front-back confusions as a function of 
microphone array diameter
Figure 6.22: Mean front-baclc confusion score, for regular microphone arrays, as a function 
of the microphone array’s diameter.
back confusions for sound images located around 0 or 180 degrees, but rarely mentioned 
front-baclc confusions for lateral sound images, meaning they might not have been aware 
of any front-baclc confusion to the side.
The repeated-measures ANOVA conducted on irregular microphone arrays showed 
that the directivity (sig. =  0.007, F =  11.8), the type (i.e. either side ICLD or front 
ICLD, sig. =  0.003, F =  15.39) and the sound position (sig. =  0.000, F =  7.615) had a 
significant influence on the rate of front-baclc confusions. The interactions between the 
directivity and the type (sig. =  0.010, F =  10.47), between the room and the sound 
position (sig. 0.018, F =  2.40) and between the room, the directivity and the sound 
position (sig. =  0.028, F =  2.23) were also found significant, as shown in table A .5 in 
appendix A.
Fig. 6.24 shows the mean confusion score for irregular microphone arrays as a function 
of the type of microphone array and directivity of the two separated microphones. It 
can be seen in this figure that for side ICLD microphone arrays, the directivity of the 
microphones does not have any significant influence on the mean confusion score. The 
confidence intervals of the mean confusion score overlap with that of large diameter 
microphone arrays and small diameter microphone arrays seen in fig. 6.22. For the front 
ICLD microphone array, which was not expected to be optimal, the mean confusion score
Front-back confusions as a function of sound position
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Sound position
Figure 6.23: Mean front-back confusion score, for regular microphone arrays, as a function 
of the sound source’s position.
when using two cardioid microphones was similar to the mean confusion score of the side 
ICLD microphone arrays. However, using two omnidirectional microphones significantly 
increased the confusion score.
As a result of these front-back confusions, the analyses in the following section were 
undertaken using corrected data, where the front-baclc confusions were removed.
6.4.2 Analysis of data w ith corrected front-back confusions
In order to check that the data met the assumptions of parametric statistical analysis 
methods, a Kolmogorov-Smirnov test was carried out for each experimental condition. It 
showed that all of the cases were normally distributed for the localisation rating, but not 
for source width. The source width ratings were therefore z-transformed for each listener 
in SPSS. Z-transformation of the data for each listener means that for each listener, 
the width ratings were scaled to have a mean of zero and a standard deviation of one, 
reducing the differences of width rating between the listeners but retaining the differences 
of ratings within listeners. The rest of the analyses study the transformed source width 
instead of the original source width. A Kolmogorov-Smirnov test was carried again for the 
z-transformed width ratings, and showed that all of the cases were normally distributed,
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Figure 6.24: Mean front-back confusion score, for irregular microphone arrays, as 
a function of the type of microphone array and directivity of the two separated 
microphones.
meaning that the results of both localisation ratings and z-transformed width ratings are 
suitable for parametric statistical analysis (such as repeated-measures ANOVA) (Field 
2009).
The intra-listener consistency was analysed using a univariate ANOVA, and it was 
found that for the location judgements, the scaled RMS error was fairly uneven, but 
always below 10% error, as can be seen in fig. 6.25. The consistency of the source width 
judgements was found to have an RMS error of around 12%, showing little inter-listener 
variation.
The perceived angles can cause misleading results in an ANOVA, because they are 
strongly dependent on individual sound position, meaning that variations caused by this 
factor swamp the others. In view of this, the dependent variable in the ANOVAs was not 
the judged angle but the signed error (between the actual or intended source position and 
the perceived source position), which corresponds to the difference between the sound 
position and the perceived angle.
A one-way ANOVA was performed to check that the left-right reversal for half of the 
stimuli did not have any influence on the results. It showed that for both the perceived 
angle and the source width, the left-right inversion was not a significant factor (with
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Scaled Root Mean Square Error for the perceived angle
Scaled Root Mean Square Error for the source width
Figure 6.25: Listener’s consistency, the root mean square error (RMSE) of the repeated 
judgements, shown as a percentage of the total scale.
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respective significances of 0.550 and 0.487, and F-factors of 0.358 and 0.483). The 
perceived angles of the left-right reversed stimuli were therefore inverted, so that all 
stimuli were on their original sides.
Several repeated-measures ANOVAs were then performed, to evaluate the influence 
of the different parameters tested: room, source position, diameter, directivity, type and 
condition. Type is the type of microphone array: either a control array, a regular array, 
an array producing mainly ICLD to the sides or and array producing mainly ICTD to 
the sides. Conditions define the arrays in the room where they were used. There are 
therefore 21 conditions (10 arrays for two rooms plus the control array), shown in table
6.2. The tables of repeated-measures ANOVA results are shown in appendix A.
According to the first repeated-measures ANOVA, analysing the influence of the 
sound source position and of the condition on the signed error of localisation and on the 
source width, the sound position and the interaction between the sound position and the 
condition are significant factors for the error of localisation (respectively sig. — 0.000 
and F =  252.077, and sig. 0.000 and F =  1.652) but not the condition alone, as can be 
seen in table A.6. For the source width, the sound position and the interaction between 
the sound position and the condition are significant (respectively sig. =  0.000 and F =  
9.153, and sig. 0.000 and F =  3.851) but not the condition alone, as shown in table A.7. 
This means that both the signed error of localisation and the source width should be 
analysed for each array as a function of the sound position.
Another repeated-measures ANOVA was performed to analyse solely the regular 
microphone arrays. The independent factors included in the ANOVA were therefore 
the sound position, the diameter of the array, the directivity of the microphones and 
the room where the recording was made. The results showed that the sound position, 
the diameter, and the interaction between the sound position and the diameter were 
significant factors for the error of localisation (respectively sig. — 0.000, F =  10.001, 
sig. =  0.045, F =  5.394 and sig. =  0.025, F =  7.192). The error of localisation should 
therefore be analysed as a function of both the sound position and the diameter of the 
array, as shown in table A.8 in appendix A in Appendix A. A similar analysis of the 
perceived source width showed that the the source width depends on the diameter of 
the array (sig. =  0.000, F =  36.743), directivity of the microphones (sig. =  0.008, F =  
6.359), the interaction between the room, the sound position and the directivity (sig. =  
0.000, F =  0.050), and the interaction between the diameter and the directivity (sig. =  
0.005, F =  7.066), as can be seen in table A .9 in Appendix A. It means that the source 
width should be analysed both as a function of recording environment, sound position 
and directivity, and as a function of diameter and directivity.
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A similar repeated-measures ANOVA conducted on irregular microphone arrays 
showed that for the error of localisation, the sound position (sig. =  0.000, F =  7.63), the 
directivity (sig. =  0.000, F =  30.40), the type of array (i.e. side ICLD or front ICLD, sig. 
=  0.041, F =  5.67), the interactions between the room and the sound position (0.001, F 
=  3.534), the sound position and the directivity (sig. =  0.012, F =  2.567), the room, the 
sound position and the directivity (sig. =  0.03, F =  2.20), the sound position and the 
type (sig. =  0.000, F =  24.27), the room, the sound position and the type (sig. =  0.000, 
F =  4.10), the sound position, the directivity and the type (sig. =  0.000, F =  23.64) and 
between all of the variables (sig. =  0.002, F =  3.352) were found to be significant. It 
means that the error of localisation should be shown as a function of all of these factors. 
A similar test conducted for the source width showed that the sound position (sig. =  
0.014, F =  2.516), the type (sig. =  0.031, F =  6.56), and the interactions between the 
room, the sound position and the directivity (sig. =  0.007, F =  2.79), the room and 
the type (sig. — 0.024, F =  7.28), the sound position and the type (sig. =  0.000, F =  
7.16) and the interaction between the sound position, the directivity and the type (sig. 
=  0.004, F =  3.01) had a significant influence on the source width, as can be seen on 
table A .10 and A .11 in Appendix A.
The plot of the means and associated 95% confidence intervals for each experiment 
stimulus are shown in Appendix C. Some of the figures are also shown in this chapter 
for discussion.
Fig. 6.26 shows the comparison between the predicted locations of the sound images 
(from the microphone array design tool) and the perceived locations of sound images 
for the control microphone array. It can be seen that there is no statistically significant 
difference between the two, as they overlap. This validates the results of the previous 
experiment, as well as the methodology used during the current experiment, and the 
method used to interpolate the results of the previous experiment to estimate the position 
of the sound image as a function of ICLD.
As the second repeated-measures ANOVA showed that the directivity of the 
microphones is a statistically insignificant variable for the perceived location of sound 
images for regular microphone arrays, the results for each diameter of the three 
microphone arrays have been averaged. The resulting perceived location of sound images 
are shown in fig. 6.27 and 6.28. The averaged perceived locations are compared to the 
predicted locations of sound images for each microphone directivity. It can be seen that 
there is no significant difference between the predicted and perceived location of sound 
images for the 2.5m diameter microphone arrays, but that the actual and predicted curves 
for the 0.5m diameter microphone arrays differ significantly. In particular, sound images
Perceived angles for the control microphone array
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Figure 6.26: Comparison between the actual and the predicted positions of the sound 
images for the control microphone array
were predicted to be perceived around the middle of the loudspeaker segment, whereas 
they were perceived close to the loudspeakers.
A similar comparison between the predicted and perceived location of sound images 
for the irregular microphone arrays (conditions 10 to 17) shows that the perceived location 
of sound images for the microphone arrays using two cardioid microphones are closer to 
the predicted location of sound images than when the arrays use two omnidirectional 
microphones, as shown in fig. C.10 to C.17, in Appendix C.
These figures show the need for a parameter that reflects the prediction error of sound 
images as a function of the microphone array variables. A new variable called prediction 
error was therefore defined as the absolute difference between the perceived angle and the 
predicted angle of the sound image. Several repeated-measures ANOVAs were conducted 
on this new variable. It showed that for regular microphone arrays, the sound position 
(sig. =  0.002, F =  3.314), the diameter (sig. =  0.000, F =  132) and the directivity 
(sig. =  0.003, F =  7.960) are significant variables for the prediction error, as can be 
seen in table A. 12 in Appendix A. The interaction between the sound position and the 
diameter (sig. =  0.000, F =  4.072) and between the sound position and the directivity 
(sig. =  0.013, F =  5.558) are also significant. Fig. 6.29 and 6.30 show the influence of 
the diameter and of the directivity on the prediction error. It can be seen that a small
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P erce ived  ang le  fo r 0 .5 m  d iam e te r 
m ic rop h on e  a rra ys
Figure 6.27: Comparison between the actual and the predicted positions of the sound 
images for the 0.5m diameter regular arrays
P erce ived  a ng le  fo r 2 .5m  d iam e te r 
m ic rop h on e  a rrays
Figure 6.28: Comparison between the actual and the predicted positions of the sound 
images for the 2.5m diameter regular arrays
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Absolute prediction error as a function of the microphone array’s 
diameter for regular microphone arrays
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Figure 6.29: Prediction error as a function of the microphone array diameter
array diameter as well as omnidirectional microphones cause more prediction error than 
a large array diameter and the more directional microphones.
Table A.13 shows the results of the repeated-measures A N O V A  conducted on irregular 
microphone arrays. As shown in the table, both the sound position (sig. =  0.000, F =  
13.746) and the directivity (sig. =  0.000, F =  42.75) are significant variables. In addition, 
the interaction between the room and the sound position (sig. =  0.044, F =  2.052), 
between the room and the directivity (sig. =  0.013, F =  9.638), between the sound 
position and the directivity (sig. =  0.000, F =  5.827), between the room, the sound 
position and the directivity (sig. =  0.032, F =  2.179), between the sound sound position 
and the type (sig. —  0.000, F =  5.715), between the room, the sound position and the 
type of array (sig. =  0.012, F =  2.557), between the sound position, the directivity 
and the type of array (sig. =  0.000, F =  10.941) and between all of the parameters 
(sig. =  0.043, F =  2.055) were found significant. It is therefore necessary to analyse the 
error of prediction as a function of all the parameters, for irregular microphone arrays. 
Fig. D.l to D.8 in the appendix D  show a particular trend in the prediction error: 
the arrays using cardioid microphones have less prediction error than the arrays using 
omnidirectional microphones, as can be seen in fig. 6.31.
Fig. 6.32 shows the source width for regular microphone arrays for each diameter 
as a function of the microphones’ directivity. It can be seen that for large diameter
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Absolute prediction error as a function of the microphones’ 
directivity for regular microphone arrays
D irectiv ity
Figure 6.30: Prediction error as a function of the microphones’ directivity
Absolute prediction error as a function of the microphones’ 
directivity for irregular microphone arrays
D irectiv ity
Figure 6.31: Prediction error as a function of the microphones’ directivity
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Source width tor regular microphone arrays 
as a Junction of the microphones’ directivity
D irectiv ity
Figure 6.32: Source width as a function of the microphones’ directivity for both 0.5m 
and 2.5m diameter microphone arrays
arrays, there is no significant difference between the microphone arrays, whereas for 
small diameters, omnidirectional microphones produce wider sound images. This can 
be explained by the higher crosstalk (as discussed in section 6.2, small array diameters 
and wider directivity imply higher crosstalk levels), which is supposed to produce wider 
images, as discussed in chapter 2. In addition, comparing both figures shows that small 
diameter microphone arrays produce wider images than large diameter.
Figs. 6.33 and 6.34 show that for irregular arrays using two cardioid microphones, 
the source width is fairly constant across the angles, whereas for irregular arrays using 
two omnidirectional microphones, source width varies across the angles: front ICLD 
microphone arrays produce wider images to the front and side ICLD techniques produce 
wider images to the side. These figures also show that for a given configuration, the 
second room (the concert room) causes sound images to be perceived wider.
6.5 D iscussion
From the results of the analysis, it can be seen that for most microphone arrays, the 
difference between prediction of sound image positions and the actual sound image 
position is small and within the 95% confidence intervals. However, when the diameter
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S ou rce  w id th  fo r  e ach  ro o m  a nd  e ach  irreg u la r 
ca rd io id  c o n fig u ra tio n
Figure 6.33: Source width as a function of the room and of the type of technique for 
irregular microphone arrays using two cardioid microphones for the range of sound source 
angles (data points are offset from the actual sound source angle for clarity).
of the microphone array is 0.5m, the differences become significant. There are also 
more confusions and the sound images are perceived wider. As discussed in section 6.2, 
smaller diameters produce smaller ICTDs and ICLDs. The ICLD and ICTD produced 
are insufficient to fully pan a sound image to one of the loudspeakers. In addition, 
the crosstalk is large. According to fig. 6.18, the ICLDs for a regular omnidirectional 
microphone array with a diameter of 0.5m are too small to produce any change in sound 
image position, according the the localisation curves derived in chapter 5. In that case, 
the position of the sound image is mainly determined by the time differences between 
the channels. According to Lee (2006) and the discussion in chapter 2, it is when the 
ICLDs are small between a pair of main loudspeakers and a third disturbing loudspeaker 
that crosstalk has the most effect: sound images are perceived wider, less well located 
and the sound image location changes.
It was found in this experiment that the difference of source width between cardioid 
and supercardioid arrays is not significant. Comparing the difference of level between 
the first and the third microphone for a frontal sound source for a 0.5 m  diameter regular 
cardioid array (fig. B.3) with the difference of level between the first and the third 
microphone for a frontal sound source for a 0.5 m  diameter regular supercardioid array
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S ou rce  w id th  fo r each  room  a nd  e ach  irreg u la r
Figure 6.34: Source width as a function of the room and of the type of technique for 
irregular microphone arrays using two omnidirectional microphones for the range of sound 
source angles (data points are offset from the actual sound source angle for clarity).
(fig. B.6), it can be seen that the level rejection of the channels adjacent to the two main 
contribution channels is similar: 7.3 dB of rejection for the cardioid microphone array and 
10.5 dB for the supercardioid array. Whilst farthest channels are more attenuated using 
a supercardioid microphone array than using a cardioid microphone array, it is likely that 
the level of sound in the microphones adjacent to the main microphone segment are the 
main cause of error of prediction and increase of source width for 0.5m array diameter, 
as the delay between the channels does not change when the directivity changes. Section 
6.2 showed that the diameter of the microphone arrays has a limited influence on the 
ICLDs of the microphone array. However, the crosstalk is reduced for the cardioid and 
supercardioid 2.5m diameter arrays compared to the 0.5m diameter arrays. As can be 
seen in fig. B.12 and fig. B.15 in Appendix B, the level rejection becomes 15.5 and 23 dB 
respectively, which according to Blauert (1996) means that the disturbing channels are 
unlikely to influence the sound image, thus explaining partly why there is less difference 
between the predicted and actual sound image positions for large diameter arrays.
When comparing the two different diameters, the crosstalk levels might explain part 
of the differences of either source width or error of prediction, but the time differences 
might have an influence too. The time differences between the channels differ between
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both microphone array diameters: on a small diameter array, as can be seen in fig. B.2, 
the time differences between the first and third microphone are small enough to produce 
a sound image between the loudspeakers (0.7 ms), whereas a large diameter microphone 
array, as can be seen in fig. B.ll, produces time differences between the first and the 
third microphone that are large enough for the law of the first wavefront to work as an 
inhibitor (3ms), according to Blauert (1996).
In this experiment, when the delays between the channels are large, the crosstalk has 
little influence on the localisation of the sound images, since the images are perceived 
narrower and the perceived sound images positions are closer to that predicted. However, 
large diameter arrays also produce smaller crosstalk levels. It was therefore expected that 
a regression model could explain the errors of prediction as a function of the crosstalk 
levels and crosstalk delays. The irregular microphone arrays can produce large ICLDs 
and small ICTDs, as can be seen in fig. B.20 and B.21, in the appendix B. The error 
of prediction of these microphone arrays is small for the irregular microphone arrays 
that use two cardioid microphones and larger for irregular microphone arrays that use 
omnidirectional microphones, which means that the crosstalk levels are likely to be more 
important than the crosstalk delays.
Crosstalk levels and delays were therefore derived for each microphone array and each 
sound position. At a given sound position, it was assumed that the two loudest signals 
would be supposed to contribute to the sound image, whereas the other signals would be 
crosstalk signals. The crosstalk level was therefore defined for each microphone array and 
each sound source position as the difference of level between the highest level signal and 
the third highest level signal, and the crosstalk delay was defined as the delay between 
those two signals.
Only regular arrays were considered: in regular microphones, the third loudest signal 
is always the third earliest signal, whereas in the irregular microphone arrays, the order 
was not always the same. This means that for irregular microphone arrays, it is more 
difficult to predict which signal would be disturbing the two main signals.
The crosstalk levels and crosstalk delays were derived from the level recorded by each 
microphone and arrival time curves that can be found in appendix B. In SPSS, a linear 
regression forced entry model was then used, entering the crosstalk level and crosstalk 
delay as independent variables and the absolute error of prediction as dependent variable. 
It was found that the linear regression model was a poor descriptor of the absolute error 
of prediction. As can be seen in table 6.3, the R  coefficient was only 0.263. The low R  
value means that the measurements differ widely from the model. To understand better 
why, a 3D scatterplot was drawn, and is shown in fig. 6.35. It shows that while there is
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Model Summary
Model R R  Square Adjusted R  Square Std. Error of the Estimate
1 0.263a 0.069 0.067 10.10118
a. Predictors: (Constant), Crosstalk level, Crosstalk delay
Table 6.3: Results of the linear regression model of the prediction error as a function of 
crosstalk level and crosstalk delay
Scatterplot of the absolute error of prediction 
as a function of crosstalk level and delay
Figure 6.35: Point distribution as a function of the error of prediction, crosstalk level 
and crosstalk delay
a general tendency of greater spread error of prediction for high crosstalk levels and low 
crosstalk delays, the tendency is not strong enough to build a good regression model.
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Model Summary
Model R R  Square Adjusted R  Square Std. Error of the Estimate
1 0.595a 0.354 0.169 3.27
a. Predictors: (Constant), Crosstalk level, Crosstalk delay
Table 6.4: Results of the linear regression model of the prediction error as a function of 
crosstalk level and crosstalk delay
Coefficients"
Model Unstandardised Standardised t Sig.
Coefficients Coefficients
B Std. Error Beta
1 (Constant) 11.774 3.004 3.919 0.006
Crosstalk level 0.379 0.246 0.523 1.542 0.167
Crosstalk time -0.175 0.440 -0.135 -0.398 0.703
a. Dependent Variable: mean absolute prediction error
Table 6.5: Coefficients of the linear regression model of the prediction error as a function 
of crosstalk level and crosstalk delay
The issue might come from the construction of the crosstalk level and time values. 
An alternative was used for comparison: the crosstalk level X r is now defined as the 
value in dB of the linear sum of the levels of all the signals number 3 to 8 for a sound 
source located at 22.5° (for which signals 3 to 8 should not contributed to the sound 
image’s location):
8
X L =  201og10 ( ^ 2 ®(ra)) (6.4)
3
where x(n) is the linear level of channel n for a sound source located at 22.5 0
Similarly, the crosstalk delay is defined as the time difference between the earliest 
and the latest signals for a sound source located at 22.5°.
Lastly, the prediction error used in this model is the mean of all prediction errors for 
a given microphone array.
The results of the regression model are given in table 6.4 and the regression coefficients 
are given in table 6.5
As can be seen, the model is now better defined, with an R  coefficient of 0.595, 
meaning that it is a better descriptor of the prediction error. Fig. 6.36 shows that
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S ca tte rp lo t o f th e  m ean  a bso lu te  e rro r o f p red ic tion  
as a  fun c tio n  o f c ro ss ta lk  leve l and  de lay
Figure 6.36: Point distribution as a function of the error of prediction, crosstalk level 
and crosstalk delay
although not exactly a plane, the two variable look more correlated than using the 
previous model. It was hypothesised that finding a better descriptor for crosstalk might 
improve the accuracy of the regression model.
As it was also discussed in the beginning of this section, for regular microphone arrays, 
small diameter arrays were found to produce wider images and more error of prediction. 
It was therefore thought that both the source width and error of prediction might be 
correlated. A  bivariate correlation analysis was therefore performed between the source 
width and the error of prediction. It was found significant (sig. =  0.000), meaning that 
both variables are correlated, as can be seen in table 6.6. R 2 can give an idea of how 
much of the variation in error of prediction can be explained by the source width. Here:
R 2 =  0.1232 
R 2 =  0.015
This means that 1.5% of the variation in error of prediction can be explained by the 
source width. To summarise, the correlation between both variables is not strong, as can 
be seen in fig. 6.37.
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Correlations
Source width Absolute error 
of prediction
Source width Pearson Correlation 1 0.123**
Sig. (1-tailed) 0.000
N 1200 1200
Absolute error Pearson Correlation 0.123** 1
of prediction Sig. (1-tailed) 0.000
N 1200 1200
**. Correlation is significant at the 0.01 level (1-tailed).
Table 6.6: Results of Pearson’s test of correlation between the source width and the 
absolute error of prediction
Correlation between the source width and the 
absolute error of prediction
Source  w id th
Figure 6.37: Correlation between the source width and the error of prediction
CHAPTER 6. 8-CHANNEL MICROPHONE A R R A Y S 184
6.6 C onclusion
In this chapter, a microphone array design tool developed based on the localisation curves 
derived in the previous chapter was described. The sound image positions predicted by 
this microphone array design tool were compared to actual sound image positions using 6 
regular microphone arrays and 4 irregular microphone arrays and sound sources located 
around the microphone arrays. Listeners rated the position of the sound images and 
their source width when facing forward. The microphone array design tool was shown 
to offer a good prediction of the microphone arrays’ localisation profiles, particularly 
when crosstalk is low and / or array size is large. It was shown that contrarily to 
the microphone array design tool prediction, small microphone arrays do not produce 
images only to the middle of the loudspeaker segments, but that the small time and level 
differences between the channels cause sound images to be perceived wider and with more 
front-back confusions. A  linear regression model was fitted to the prediction error as a 
function of the crosstalk levels and crosstalk delays. It was shown to be a reasonable 
descriptor of the prediction error, although the quality of the model depends on the 
definition of crosstalk level and crosstalk delay. Hence, it appears that the microphone 
array design tool gives accurate predictions apart from when the crosstalk level is high 
and the crosstalk delay is low. The investigations here have indicated that a model 
may be constructed to predict the localisation error based on these factors, but further 
research is required in order to create a more accurate and more widely generalisable 
model.
Chapter 7 
Conclusion
This chapter summarises the research and experiments described in this report. The 
main conclusions and findings from each chapter are reported here and answers are given 
to the questions posed in the introduction. The contributions of this project to the 
understanding of spatial audio perception and microphone technique design are listed. 
A  detailed time plan of future work is then presented.
7.1 S u m m ary  a n d  conclusions
This project aimed at answering the question: “How should multichannel microphone 
arrays be designed fo r  surround recordings?” In order to answer this question, different 
aspects of sound localisation, sound reproduction and sound recording were studied.
7.1.1 Spatial audio localisation cues
Chapter 2 initially aimed to answer the question “What are the binaural cues used in 
the localisation o f natural sources and loudspeaker-based reproduction?”. The chapter 
therefore described the cues of binaural audio localisation: Interaural Level Differences 
(ILDs), Interaural Time Differences (ITDs) and spectral cues are the main cues used to 
estimate the direction of a sound source. Interaural time differences are inherently related 
to Interaural Phase Differences (IPDs) at low frequencies for natural sound sources, and 
hence IPDs are also used as an important localisation cue. At low frequencies, the 
ILDs are too small to be used as efficient localisation cues. The main localisation cue 
at low frequencies is therefore the IPD, from which the ITD can be deduced. At high 
frequencies, ITD can be evaluated by the brain through analysis of the signals’ envelope, 
and the ILD is large enough to be used by the brain as a meaningful localisation cue
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and spectral cues are mainly used to determine the elevation of a sound source, therefore 
reducing confusion. These latter cues were however shown to have a limited importance, 
as removing them does not necessarily impair localisation. Hence, it can be seen that 
the relative salience of each localisation cue depends on the frequency and time content 
of the sound signal.
The localisation cues produced by 2-0 stereo systems were studied to answer “What 
are the perceptual consequences o f time and level differences between each channel in 2-0 
stereophony on the production o f a phantom  image located between the loudspeakers, in 
terms o f spatial and timbral characteristics” and “What are the binaural cues produced by
2-0 stereophony as a function  o f interchannel tim e and level differences”. It showed that 
varying the InterChannel Time Difference (ICTD) or the InterChannel Level Difference 
(ICLD) between the two loudspeakers of a 2-0 setup changes the IPD, the ITD and the 
ILD. The relationship between ICTD, ICLD and the binaural cues have been computed. 
It was shown that ICLDs lead to binaural localisation cues that are relatively consistent 
with the binaural localisation cues of a real source, whilst ICTDs create ILDs and IPDs 
at all frequencies that are not consistent with natural binaural localisation cues.
Localisation curves, i.e. the relationship between the interchannel differences and the 
perceived location of a sound image, have been measured on several different stereophonic 
setups and were shown to be a useful cue for microphone array design. They have been 
mainly studied for 2-0 stereo, and shown that on a 2-0 system, an ICTD of 1.2 ms is 
generally sufficient to produce a phantom image perceived as coming from a loudspeaker. 
Similarly, it has been shown that on this loudspeaker system, an ICLD of 18 dB can 
generally achieve the same result. It also showed that ICTD-based perception leads to 
less well located phantom images than ICLD-based perception.
For loudspeaker setups that are different from 2-0 stereo, more questions arise: 
“what are the perceptual consequences o f tim e and level differences between two adjacent 
channels o f a surround stereophonic system ”, “What are the binaural cues produced by
3-2 stereophony and other surround system s as a function  o f interchannel time and 
level differences between adjacent loudspeakers”, “What are the perceptual effects o f the 
reproduction o f coherent sounds by more than two loudspeakers” and “W hat are the 
lim itations o f the 3-2 stereo system”? The chapter showed that the binaural cues 
produced by the ICLDs and ICTDs between two loudspeakers are not consistent with the 
binaural cues produced by audition of a single sound source. For example, in 3-2 stereo, 
when an ICLD is applied between the two side loudspeakers, it is not possible to create 
the IPD equivalent to the IPD of a single sound source to the side of the listener, at low 
frequencies. Therefore, every loudspeaker configuration needs to be studied separately,
CH APTER 7. CONCLUSION 187
and localisation cues measured on a 2-0 loudspeaker setup have been shown to differ from 
localisation cues measured on a 3-2 stereo setup.
Localisation measurements for two loudspeakers positioned to the side of the listener 
showed more variability than on a frontal stereophonic system. Additionally, localisation 
curves measured to the side of a 3-2 stereo setup have shown that phantom images tend 
to be unstable and attracted to the loudspeakers, because the larger variability in stereo 
localisation to the side of the listener is then added to the large angle between the side 
loudspeakers. This led the the choice of an octagonal loudspeaker array for surround 
sound reproduction in this project.
The effects of crosstalk on localisation of sound were also discussed, and it was shown 
that crosstalk can increase source width, reduce locatedness and change the location of 
sound images.
Theile and Plenge assume that because of the relative symmetry of the head around 
the interaural axis, localisation curves to the rear of a listener should be identical to the 
localisation curves measured to the front of a listener. As the angles increase above 60°, 
the stability of the images produced by the pair of loudspeakers is likely to decrease. It 
means that the 1400 angle subtended by the rear loudspeakers of the 3-2 setup is too 
large to produce a stable image.
These observations raised two new questions: “W hat are the conditions required fo r  a 
surround loudspeaker system  to reproduce well located phantom  images all around the 
listener” and “W hat loudspeaker system  meets these conditions and could be used in  
the project”, In order to improve the stability of images to the side and to the rear 
of the listener, it was shown that it is necessary to design a loudspeaker array whose 
subtended angles between the side and rear loudspeakers are smaller than on 3-2 stereo. 
Loudspeakers should also be located on the interaural axis of the listener, 90 0 and -90 ° 
off-centre, in order to produce a sufficiently large IPD at low frequencies (the equivalent 
of a 0.63 ms ITD for a sound source panned to the side of the listener). Based on these 
recommendations, an octagon loudspeaker setup was designed.
7.1.2 Localisation comparison betw een 3-2 stereo and the octagon  
system
A  new loudspeaker system having been designed, it was necessary to evaluate “how 
the octagon loudspeaker system  compares to 3-2 stereo in terms o f localisation accuracy, 
localisation ease and homogeneity o f the system”. Chapter 3 compared the 3-2 
configuration to the octagon loudspeaker setup, in terms of localisation capabilities
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when using Vector-Based Amplitude Panning (VBAP) to pan a source signal around the 
listener. It showed that using VBAP, localisation on the 3-2 loudspeaker configuration 
was precise to the front of the listener, but poor to the side and to the rear of 
the listener. On the contrary, the octagon loudspeaker array proved to have more 
homogeneous localisation all around the listener. On both systems, the phantom sources 
were “attracted” to the loudspeakers to some extent, but this effect was smaller for the 
octagon system compared to the 3-2 system. There was also a good correlation between 
the mean rated ease of localisation and the variance of the perceived angle on both 
systems. The octagon system was therefore shown to produce relatively accurate sound 
images, in terms of variability of the localisation ratings.
7.1.3 Stereophonic microphone techniques
Chapter 4 therefore described the principles of stereo recording techniques. It described 
“how interchannel tim e and level differences are created using 2-0 microphone techniques”, 
and discussed “what the different types o f 2-0 stereo microphone techniques are” and “how 
a 2-0 stereo microphone technique can be described to inform  the sound engineer o f the 
spatial characteristics o f the phantom  images produced by this technique”.
2-0 microphone techniques create ICLDs due to the directivity of the microphones, 
the angle between the capsules and, to a lesser extent, due to the distance between the 
microphones. ICTDs are created solely due to the distance between the microphones.
Microphone arrays can be classified as a function of their design (coincident, near 
coincident or spaced microphone arrays) or as a function of what they aim to record 
(direct sound, mix of direct and diffuse sound or diffuse sound). Coincident microphone 
techniques have an increasingly monotonic localisation profile. Near-coincident or spaced 
microphone arrays seem to give a more spacious sound than coincident microphone 
techniques, although they produce phasiness at high frequencies. However, for surround 
recording, the crosstalk produced by coincident microphone techniques is too large 
to create well focused phantom sources. Because of this, near-coincident or spaced 
microphone techniques are preferred to coincident microphone techniques for surround 
sound recording.
Chapter 4 also showed that most microphone techniques were developed by computing 
localisation profiles using the physical characteristics of the microphone arrays and a set 
of localisation curves. The localisation curves used to design microphone arrays, be it 2-0 
microphone arrays or surround microphone arrays, are often localisation curves measured 
on 2-0 loudspeaker setups. On loudspeaker segments having a larger subtended angle
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than 60 0, the localisation curves are generally “stretched” to match the angle between the 
loudspeakers. However, chapter 2 showed that because of the position of the loudspeakers 
to the side of the 3-2 setup, the IPD produced by the system cannot be as large as the 
IPD produced by a single sound source located 90 ° off-centre. This is one of the reasons 
for the unstable images produced to the side of the system. In addition, chapter 2 showed 
that the localisation curves depend on the angle shift of the loudspeaker pair. It means 
that the 3-2 microphone arrays should be based on localisation curves that have been 
measured for the 3-2 stereo setup and not for the 2-0 stereo setup. The measurement of 
localisation curves on a given loudspeaker configuration is therefore advised in order to 
design microphone arrays for this particular loudspeaker configuration.
7.1.4 Panning rules for 8-channel surround
Chapter 5 aimed to answer “how can microphone arrays be designed fo r  the loudspeaker 
system  chosen in  this project” by measuring the localisation curves on the octagon 
loudspeaker array’s segments of adjacent loudspeakers as a function of ICLDs, ICTDs 
and combinations of both. New experimental procedures have been designed for this 
purpose. It showed that in this experiment, the localisation curves do not depend on 
the source signal used. However, the localisation curves measured were different for each 
loudspeaker segment. In addition, this experiment showed that locatedness was rated 
lower when the stimulus was played behind the listener than when it was played to his 
front. ICTDs were shown to produce well localised sound images to the front and rear of 
the listener, but more variability was found in the perceived directions of sound images 
to the side of the listener when using ICTDs. In addition, it was found that an ICTD of 
1.5ms is insufficient to pan a sound image to one of the loudspeakers to the side of the 
listener. The experiment described in chapter 5 also showed that the curve of the sound 
localisation as a function of ICLDs and ICTDs was a straighter line to the front and rear 
of the listener than to the side.
Finally, The ICLDs and ICTDs-based localisation curves derived could be used to 
design 8-channel microphone arrays.
7.1.5 D esign and Evaluation of 8-channel microphone arrays
Localisation curves having been measured, it was necessary to determine “how it is 
possible to predict the position and width o f the sound images produced by a given 
microphone array” and “which variables o f the microphone arrays have an influence on 
the prediction error”.
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Chapter 6 described a microphone array design tool that predicts the localisation 
profiles of 8-channel microphone arrays using the localisation curves derived in chapter 5. 
Six regular microphone arrays were designed by varying the directivity of the microphones 
and the diameter of the array. An additional 4 irregular microphone arrays were designed 
to produce mainly ICLDs either to the side or to the front and rear of the system, as 
chapter 5 showed the instability of the sound images caused by ICTDs to the side of the 
listener.
The crosstalk produced by these microphone arrays was discussed, and it was shown 
that large diameter arrays and more directional microphones produce the smallest 
crosstalk.
Using these microphone arrays in two different rooms to record sound sources in 10 
different positions, an experiment comparing the predicted positions of sound images 
recorded by the microphone arrays to the perceived position of the sound images was 
conducted. A  number of front-back confusions were found and their cause was analysed. 
The accuracy of the predictions were studied in terms of prediction error. It was shown 
that microphones producing low crosstalk caused less front-back confusion and produced 
narrower sound images. It was also shown that the prediction model is reasonably 
accurate when crosstalk is low and gets less accurate for microphone arrays producing 
higher crosstalk.
The results showed that a linear regression model could be built to estimate the 
absolute error of prediction as a function of the crosstalk levels and delays. It showed 
that the error of prediction increases when the crosstalk level increases and / or that the 
crosstalk delay decreases.
7.1.6 General summ ary
During this project, an octagon loudspeaker system was developed after an analysis of 
the physical cues of sound localisation. This reproduction system was shown to produce 
more accurate, more easily located and more homogeneous sound images to the side and 
to the rear of the listener than 3-2 stereo. Studies of stereo recording techniques were 
conducted to answer “how it is possible to design microphone arrays aimed at capturing 
the sound sources in the audio scene fo r  reproduction on the new loudspeaker setup?”. 
This project showed that localisation curves can be used to design microphone arrays, 
and that they depend on the position of the loudspeakers. Therefore, in order to build a 
good prediction model for the localisation of sound images as a function of a microphone’s 
parameters, localisation curves for the octagon loudspeaker system were derived. The
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resulting localisation prediction model was shown to be accurate when the crosstalk 
produced by the microphone array is small. A  measure of crosstalk was proposed, and 
it was shown that the prediction error can be estimated by a linear regression model as 
a function of the crosstalk level and crosstalk delay.
7.2 Contributions to the field
The research that has been undertaken in this project has led to a number of contributions 
to the fields of surround sound recording and reproduction and subjective testing 
methodology. These contributions are listed in this section.
• Based on theoretical understanding of stereophonic localisation and of the issues of 
the 3-2 loudspeaker configuration, a new loudspeaker layout composed of 8 channels 
was designed.
• The first experiment conducted showed that it produces more stable images and 
more homogeneous localisation accuracy than on the 3-2 system when using VBAP,
• A  new listening test method was developed and successfully used, in which a 
headtracker is employed to fade out the audio stimuli when the listener is not 
correctly placed, allowing the listener to view angles all around without being 
influenced by the audio stimuli, and therefore reducing the error caused by the 
pointing methods when stimuli are played to the side or to the rear of the listener.
• The experiment described in chapter 5 showed that in order to optimise the design 
of a microphone array, it is preferable to use a set of localisation curves measured 
on the loudspeaker system for which the microphone array will be designed.
• This experiment also showed that locatedness was generally rated lower for rear 
loudspeaker segments than for frontal loudspeaker segments, and that locatedness 
was also rated lower for stimuli with little or no ICLD. It means that if a loudspeaker 
setup was to be chosen between one with a central loudspeaker and another one 
in which the front centre would be located between two loudspeakers, the first one 
would demonstrate higher locatedness for sources directly in front of the listener.
• Time and level-dependent localisation curves were measured on all the segments 
of an octagon loudspeaker array, meaning that it is now possible to pan a source 
signal more precisely anywhere around the listener on this loudspeaker setup.
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• A  new tool to assist in the design of microphone arrays was created, based on the 
localisation curves measured in chapter 5. It was shown that the error of prediction 
of this tool is low for both regular and irregular microphone arrays as long as the 
crosstalk is relatively low in level.
• A  new metric of crosstalk level and crosstalk delay was designed, and it showed 
that the error of prediction of the microphone array design tool could be modeled 
as a function of these two metrics.
• It was shown that when using the octagon loudspeaker array, front-back confusions 
could occur, and that these confusions are dependent on the crosstalk level and 
delay.
• Source width was also studied and it was shown that source width increases when 
the diameter of the microphone array or the directionality of the microphones 
decreases, and that the recording environment had a limited influence on the source 
width.
• The microphone directivity was shown to have little influence on either the sound 
image positions or the source width when the microphones are widely spaced.
• Small array diameters produce large crosstalk, thus causing sound image positions 
to vary more from one listener to another than wide array diameters. Small array 
diameters also cause more front-back confusions.
• In terms of both error of prediction and linearity of the sound image positions, 
the 2.5m diameter regular arrays were optimal. The directivity of the microphones 
had little influence, but supercardioid microphone arrays were shown to be more 
optimal than cardioid or omnidirectional microphone arrays.
7.3 Planned future studies
The results of the experiments described in chapter 5 and chapter 6 will be summarised 
for submission in a refereed journal article.
According to Rumsey (2001), sound engineers may prefer a microphone technique 
over another not only because of its localisation accuracy but also because of the spatial 
impression it produces. An experiment evaluating the spaciousness of the microphone 
arrays used in chapter 6 as a function of the geometry of the microphone array, the 
directivity of the microphones, the recording environment, the sound source position and
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the type of source signal was therefore conducted. The results of this experiment will be 
published as a conference article.
As discussed in chapter 4, it is common for a microphone array recording to be 
mixed with either spot microphones or with other microphone arrays. This lets the 
sound engineer mix the spatial and timbral properties of several microphone techniques. 
It would therefore be advisable to study the perception of combinations of microphone 
techniques in terms of spaciousness and localisation accuracy and compare it to the 
perceived spaciousness and to the localisation accuracy of the microphone techniques 
used separately.
During this project, only the spatial characteristics of the microphone arrays were 
discussed. However, Rumsey et al. (2005) showed that the spatial quality of a recording 
accounts less for the overall quality than the timbral quality of the recording. The 
recordings used for the experiment described in chapter 6 and in the spaciousness 
experiment could therefore be used to study the timbral reproduction of the microphone 
arrays, leading to a multidimensional spatial and timbral description of all of the 
microphone approaches studied in this experiment.
Finally, this project focuses on the octagon loudspeaker system, which differs from 
the 3-2 stereo system currently used in home cinemas. The application of all the results 
of this project to 3-2 stereophony should therefore be discussed: whether it is possible 
to optimise 3-2 microphone arrays based on the methodology employed in this research.
Appendix A
Anova tables
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Tests of Between-Subjects Effects
Source Dependent
Variable
Type III 
Sum of 
Squares
df Mean
Square
F Sig.
Corrected ease of loca 214821 101 2126 4.932 .000
Model mean
abs error 34715b 101 343 3.921 .000
Intercept ease of loca 
mean
3975000 1 3975000 9216.653 .000
abs error 40152 1 40152 458.006 .000
Source ease of loca 
mean
2289 2 1144 2.655 .072
abs error 210 2 105 1.199 .303
aztheo ease of loca 
mean
77501 16 4843 11.231 .000
abs error 11027 16 689 7.861 .000
System ease of loca 
mean
50871 1 50871 117.950 .000
abs error 8238 1 8238 93.971 .000
Source * ease of loca 7844 32 245 .568 .973
aztheo mean
abs error 2161 32 67 .771 .813
Source * Sys­ ease of loca 462 2 231 .536 .585
tem mean
abs error 60 2 30 .344 .709
aztheo * Sys­ ease of loca 59965 16 3747 8.690 .000
tem mean
abs error 9212 16 575 6.568 .000
Source * ease of loca 7426 32 232 .538 .982
aztheo * mean
System
abs error 1709 32 53 .609 .955
Error ease of loca 
mean
149660 347 431
abs error 30421 347 87
Total ease of loca
mean
abs error
4677000
110759
449
449
Corrected To­ ease of loca 364481 448
tal mean 
abs error 65136 448
a. R  Squared =
b. R  Squared =
.589 (Adjusted R  Squared =  .470) 
.533 (Adjusted R  Squared =  .397)
Table A.l: Results of the multivariate test carried on ease of localisation and perceived
direction of the phantom source in function of desired direction of the phantom source,
loudspeaker system and source signal
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Tests of Within-Subjects Effects
Source Type III Sum of df 
Squares
Mean
Square
F Sig.
Signal 572 3 191 1.312 0.291
Error 3923 27 145
Segment 16979004 3 5659668 3341.9 0.000
Error 45726 27 1694
Stimulus 1927064 42 45882 262.8 0.000
Error 65983 378 175
Signal * Segment 11347 9 1261 9.272 0.000
Error 11014 81 136
Signal * Stimulus 23813 126 189 2.147 0.000
Error 99822 1134 88
Segment * Stimulus 45592 126 362 2.243 0.000
Error 182902 1134 161
Signal * Segment * 35690 378 94 1.058 .0.225
Stimulus
Error 303736 3402 89
Table A.2: Sphericity assumed results of repeated-measure A N O V A  conducted on
localisation
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Tests of Within-Subjects Effects
Source Type III Sum of df 
Squares
Mean
Square
F Sig.
Signal 6527 3 2176 5.114 0.007
Error 10211 24 425
Segment 86354 3 28785 27.85 0.000
Error 24804 24 1034
Stimulus 32699 42 779 3.956 0.000
Error 66131 336 197
Signal * Segment 2074 9 230 1.387 0.210
Error 11961 72 166
Signal * Stimulus 20603 126 164 0.981 0.542
Error 167948 1008 167
Segment * Stimulus 48893 126 388 2.089 0.000
Error 187209 1134 186
Signal * Segment * 57038 378 151 1.054 .0.238
Stimulus
Error 432744 3024 143
Table A.3: Huynh-Feldt corrected results of repeated-measure A N O V A  conducted on 
locatedness
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Tests of Within-Subjects Effects
Source Type III Sum of df 
Squares
Mean
Square
F Sig.
Room 0.083 1 0.083 2.727 0.133
Error 0.275 9 0.031
Sound position 39.343 9 4.371 10.273 0.000
Error 34.466 81 0.426
Diameter 2.521 1 2.521 68.924 0.000
Error 0.329 9 .037
Directivity 0.220 2 0.110 0.844 0.446
Error 2.350 18 .131
Room * Sound posi­
tion
.900 9 .100 1.272 0.265
Error 6.367 81 0.079
Room * Diameter 0.013 1 0.013 0.129 0.727
Error 0.928 9 0.103
Sound position * Di­
ameter
3.821 9 0.425 2.435 0.017
Error 14.121 81 0.174
Room * Sound posi­
tion * Diameter
0.528 9 0.059 0.805 0.613
Error 5.905 81 0.073
Room * Directivity 0.050 2 0.025 0.159 0.854
Error 2.854 18 0.159
Sound position * Di­
rectivity
3.334 18 0.185 1.988 0.013
Error 15.095 162 .093
Room * Sound posi­
tion * Directivity
1.679 18 0.093 1.013 0.448
Error 14.917 162 0.092
Diameter * Directiv­
ity
0.045 2 0.023 0.156 0.857
Error 2.617 18 .145
Room * Diameter * 
Directivity
0.260 2 0.130 1.351 0.284
Error 1.735 18 0.096
Sound position * Di­
ameter * Directivity
1.475 18 0.082 1.006 0.455
Error 13.195 162 0.081
Room * Sound po­
sition * Diameter * 
Directivity
2.185 18 0.121 1.477 0.104
Error 13.319 162 0.082
Table A.4: Sphericity assumed results of repeated-measure ANOVA conducted on
confusions for regular arrays, using the room, diameter, directivity and sound position
as independent variables.
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Tests of Within-Subjects Effects
Source Type III Sum of df 
Squares
Mean
Square
F Sig.
Room 0.06 1 0.06 0.434 0.527
Error 1.27 9 0.14
Directivity 0.91 1 0.91 11,800 0.007
Error 0.70 9 0.08
Type 2.21 1 2.21 15.399 0.003
Error 1.29 9 0.14
Sound position 19.88 9 2.21 7.615 0.000
Error 23.49 81 0.29
Room * Directivity 0.03 1 0.03 0.265 0.619
Error 1.06 9 0.12
Room * Type 0.13 1 0.13 0.861 0.378
Error 1.31 9 0.15
Directivity * Type 1.81 1 1.81 10.472 0.010
Error 1.55 9 0.17
Room * Directivity 
* Type
0.01 1 0.01 0.059 0.814
Error 0.76 9 0.08
Room * Sound posi­
tion
2.29 9 0.25 2.404 0.018
Error 8.57 81 0.11
Directivity * Sound 
position
2.14 9 0.24 1.912 0.062
Error 10.07 81 0.12
Room * Directivity 
* Sound position
1.78 9 0.20 2.230 0.028
Error 7.19 81 0.09
Type * Sound posi­
tion
1.31 9 0.15 1.106 0.368
Error 10.64 81 0.13
Room * Type * 
Sound position
1.18 9 0.13 1.049 0.409
Error 10.08 81 0.12
Directivity * Type * 
Sound position
1.35 9 0.15 1.228 0.290
Error 9.86 81 0.12
Room * Directivity 
* Type * Sound po­
sition
0.78 9 0.09 0.599 0.794
Error 11.76 81 0.15
Table A.5: Sphericity assumed results of repeated-measure ANOVA conducted on
confusions for irregular arrays, using the room, type, directivity and sound position
as independent variables.
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Tests of Within-Subjects Effects
Source Type III Sum of 
Squares
df Mean
Square
F Sig.
Sound position 12166000 9 1351777 252.077 0.000
Error 386104 72 5362
Condition 82201 20 4110 1.267 0.209
Error 519123 160 3244
Sound position * 875577 180 4864 1.652 0.000
Condition
Error 4238905 1440 2943
Table A.6: Sphericity assumed results of repeated-measure A N O V A  conducted on error 
of perceived angle, using the condition and the sound position as independent variables.
Tests of Within-Subjects Effects
Source Type III Sum of 
Squares
df Mean
Square
F Sig.
Sound position 194208 9 21578 9.153 0.000
Error 169743 72 2357
Condition 7884 20 394 1.247 0.224
Error 50602 160 316
Sound position 
Condition
* 198218 180 1101 3.851 0.000
Error 411774 1440 285
Table A.7: Sphericity assumed results of repeated-measure A N O V A  conducted on source 
width, using the condition and the sound position as independent variables.
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Tests of Within-Subjects Effects
Source Type III Sum of df 
Squares
Mean
Square
F Sig.
Room 72 1 72 0.400 0.543
Error 1622 9 180
Sound position 130344 9 14482 8.868 0.000
Error 132279 81 1633
Diameter 23 1 23 0.060 0.812
Error 3476 9 386
Directivity 629 2 314 0.837 0.449
Error 6762 18 375
Room * Sound posi­
tion
6193 9 688 3.244 0.002
Error 17179 81 212
Room * Diameter 7 1 7 0.038 0.850
Error 1742 9 193
Sound position * Di­
ameter
36394 9 4043 8.799 0.000
Error 37227 81 459
Room * Sound posi­
tion * Diameter
1823 9 202 0.847 0.575
Error 19371 81 239
Room * Directivity 328 2 164 1.048 0.371
Error 2824 18 156
Sound position * Di­
rectivity
7807 18 433 1.756 0.035
Error 40023 162 247
Room * Sound posi­
tion * Directivity
4807 18 267 1.114 0.343
Error 38851 162 239
Diameter * Directiv­
ity
58 2 29 0.110 0.897
Error 4772 18 265
Room * Diameter * 
Directivity
159 2 79 0.319 0.731
Error 4493 18 249
Sound position * Di­
ameter * Directivity
5849 18 32 1.092 0.365
Error 48208 162 297
Room * Sound po­
sition * Diameter * 
Directivity
6417 18 356 1.807 0.028
Error 31964 162 197
Table A.8: Sphericity assumed results of repeated-measure ANOVA conducted on error of
perceived angle, using the room, sound position, diameter and directivity as independent
variables.
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Tests of Within-Subjects Effects
Source Type III Sum of df 
Squares
Mean
Square
F Sig.
Room 41 1 40.800 2.972 0.119
Error 124 9 13.729
Sound position 11 9 1.176 0.803 0.615
Error 119 81 1.465
Diameter 52 1 52.319 36.743 0.000
Error 13 9 1.424
Directivity 13 2 6.462 6.359 0.008
Error 18 18 1.016
Room * Sound posi­
tion
7 9 0.781 1.297 0.251
Error 49 81 0.602
Room * Diameter 1 1 0.925 2.240 0.169
Error 4 9 0.413
Sound position * Di­
ameter
6 9 0.696 1.153 0.336
Error 49 81 0.604
Room * Sound posi­
tion * Diameter
5 9 0.511 1.233 0.287
Error 34 81 0.414
Room * Directivity 0 2 0.073 0.273 0.764
Error 5 18 0.268
Sound position * Di­
rectivity
13 18 0.713 1.165 0.296
Error 99 162 0.612
Room * Sound posi­
tion * Directivity
30 18 1.659 3.050 0.000
Error 88 162 0.544
Diameter * Directiv­
ity
8 2 3.871 7.066 0.005
Error 10 18 0.548
Room * Diameter * 
Directivity
2 2 0.896 1.702 0.210
Error 9 18 0.527
Sound position * Di­
ameter * Directivity
9 18 0.511 1.050 0.407
Error 79 162 0.487
Room * Sound po­
sition * Diameter * 
Directivity
10 18 0.540 0.914 0.562
Error 96 162 0.590
Table A.9: Sphericity assumed results of repeated-measure ANOVA conducted on source
width, using the room, sound position, diameter and directivity as independent variables.
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Tests of Within-Subjects Effects
Source Type III Sum of 
Squares
df Mean
Square
F Sig.
Room 6 1 6 0.044 0.838
Error 1313 9 146
Sound position 23733 9 2637 7.629 0.000
Error 27999 81 346
Directivity 1191 1 1191 30.405 0.000
Error 352 9 39
Type 1761 1 1761 5.675 0.041
Error 2793 9 310
Room * Sound posi­ 4966 9 552 3.534 0.001
tion
Error 12646 81 156
Room * Directivity 19 1 19 0.161 0.698
Error 1075 9 119
Sound position * Di­ 4667 9 519 2.567 0.012
rectivity
Error 16361 81 202
Room * Sound posi­ 2441 9 271 2.199 0.030
tion * Directivity
Error 9991 81 123
Room * Type 507 1 507 4.182 0.071
Error 1092 9 121
Sound position * 48709 9 5412 24.269 0.000
Type
Error 18064 81 223
Room * Sound posi­ 3422 9 380 4.101 0.000
tion * Type
Error 7509 81 93
Directivity * Type 1 1 1 0.006 0.939
Error 1724 9 192
Room * Directivity 446 1 446 1.652 0.231
* Type
Error 2427 9 270
Sound position * Di­ 47446 9 5272 23.641 0.000
rectivity * Type
Error 18063 81 223
Room * Sound posi­ 3656 9 406 3.352 0.002
tion * Directivity *
Type
Error 9816 81 121
Table A .10: Sphericity assumed results of repeated-measure ANOVA conducted on error
of localisation, using the room, sound position, type and directivity as independent
variables.
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Tests of Within-Subjects Effects
Source Type III Sum of 
Squares
df Mean
Square
F Sig.
Room 29 1 29.49 4.564 0.061
Error 58 9 6.46
Sound position 26 9 2.84 2.516 0.014
Error 91 81 1.13
Directivity 1 1 0.60 0.239 0.636
Error 23 9 2.52
Type 5 1 4.56 6.561 0.031
Error 6 9 0.70
Room * Sound posi­ 4 9 0.44 0.794 0.623
tion
Error 45 81 0.56
Room * Directivity 0 1 0.38 0.344 0.572
Error 10 9 1.10
Sound position * Di­ 5 9 0.61 0.742 0.670
rectivity
Error 66 81 0.82
Room * Sound posi­ 12 9 1.33 2.788 0.007
tion * Directivity
Error 39 81 0.48
Room * Type 2 1 2.49 7.285 0.024
Error 3 9 0.34
Sound position * 52 9 5.82 7.160 0.000
Type
Error 66 81 0.81
Room * Sound posi­ 4 9 0.43 0.796 0.621
tion * Type
Error 43 81 0.53
Directivity * Type 0 1 0.37 0.272 0.615
Error 12 9 1.35
Room * Directivity 0 1 0.39 0.708 0.422
* Type
Error 5 9 0.56
Sound position * Di­ 15 9 1.65 3.011 0.004
rectivity * Type
Error 44 81 0.55
Room * Sound posi­ 9 9 0.97 1.772 0.086
tion * Directivity *
Type
Error 44 81 0.55
Table A. 11: Sphericity assumed results of repeated-measure ANOVA conducted on source
width, using the room, sound position, type and directivity as independent variables.
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Tests of Within-Subjects Effects
Source Type III Sum of df 
Squares
Mean
Square
F Sig.
Room 4 1 4 0.091 0.769
Error 408 9 45
Sound position 7173 9 797 3.314 0.002
Error 19481 81 241
Diameter 12049 1 12049 131.919 0.000
Error 822 9 91
Directivity 1031 2 515 7.960 0.003
Error 1166 18 65
Room * Sound posi­
tion
1185 9 132 1.795 0.082
Error 5939 81 73
Room * Diameter 88 1 88 1.305 0.283
Error 609 9 68
Sound position * Di­
ameter
4646 9 516 4.072 0.000
Error 10268 81 127
Room * Sound posi­
tion * Diameter
623 9 69 1.007 0.441
Error 5566 81 69
Room * Directivity 432 2 216 5.558 0.013
Error 699 18 39
Sound position * Di­
rectivity
1189 18 66 0.757 0.747
Error 14136 162 87
Room * Sound posi­
tion * Directivity
1368 18 76 1.033 0.426
Error 11919 162 74
Diameter * Directiv­
ity
69 2 34 0.641 0.538
Error 964 18 54
Room * Diameter * 
Directivity
84 2 42 1.539 0.242
Error 491 18 27
Sound position * Di­
ameter * Directivity
1601 18 89 1.153 0.307
Error 12495 162 77
Room * Sound po­
sition * Diameter * 
Directivity
1214 18 67 1.003 0.459
Error 10894 162 67
Table A.12: Sphericity assumed results of repeated-measure ANOVA conducted on
prediction error for regular arrays, using the room, sound position, diameter and
directivity as independent variables.
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Tests of Within-Subjects Effects
Source Type III Sum of df 
Squares
Mean
Square
F Sig.
Room 44 1 44 1.272 0.288
Error 309 9 34
Sound position 23752 9 2639 13.746 0.000
Error 15551 81 192
Directivity 7015 1 7015 42.750 0.000
Error 1477 9 164
Type 1004 1 1004 2.673 0.137
Error 3379 9 375
Room * Sound posi­
tion
1678 9 186 2.052 0.044
Error 7359 81 91
Room * Directivity 709 1 709 9.638 0.013
Error 662 9 74
Sound position * Di­
rectivity
5945 9 661 5.827 0.000
Error 9183 81 113
Room * Sound posi­
tion * Directivity
1712 9 190 2.179 0.032
Error 7072 81 87
Room * Type 0 1 0 0.000 0.991
Error 1336 9 148
Sound position * 
Type
10071 9 1119 5.715 0.000
Error 15859 81 196
Room * Sound posi­
tion * Type
1571 9 175 2.557 0.012
Error 5529 81 68
Directivity * Type 264 1 264 0.817 0.390
Error 2915 9 324
Room * Directivity 
* Type
143 1 143 2.878 0.124
Error 447 9 50
Sound position * Di­
rectivity * Type
12799 9 1422 10.941 0.000
Error 10529 81 130
Room * Sound posi­
tion * Directivity * 
Type
1668 9 185 2.055 0.043
Error 7307 81 90
Table A. 13: Sphericity assumed results of repeated-measure ANOVA conducted on
prediction error for irregular arrays, using the room, sound position, type and directivity
as independent variables.
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Predicted angles for the combined segments
Figure B.l: Global localisation curve of the 0.5 metre diameter regularly spaced cardioid 
microphone array
x 1 0 -" Arrival tim e of the s igna ls  recorded by each m icrophone
Figure B.2: Delay of the signal at each microphone as a function of the sound source
direction using the 0.5 metre diameter regularly spaced cardioid microphone array
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A
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S ound source  angle
Leve l recorded by each m icrophone
 First microphone
 Second microphone
 Third microphone
 Fourth microphone
 Filth microphone
Sixth microphone 
 Seventh microphone
Figure B.3: Level of the signal at each microphone as a function of the sound source 
direction using the 0.5 metre diameter regularly spaced cardioid microphone array
Predicted angles for the combined segments
Figure B.4: Global localisation curve of the 0.5 metre diameter regularly spaced
supercardioid microphone array
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x 1 Q- 4 A rrival tim e of the s igna ls  recorded by each  m icrophone
Er -6
First m icrophone 
Second m icrophone 
Th ird  m icrophone 
Fourth m icrophone 
Fifth m icrophone 
Sixth m icrophone 
Seventh m icrophone 
E ighth m icrophone
150 200  250
Sound source  angle
300 350 400
Figure B.5: Delay of the signal at each microphone as a function of the sound source 
direction using the 0.5 metre diameter regularly spaced supercardioid microphone array
Level recorded by each m icrophone
Figure B.6: Level of the signal at each microphone as a function of the sound source
direction using the 0.5 metre diameter regularly spaced supercardioid microphone array
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Predicted angles for the combined segments
Figure B.7: Global localisation curve of the 0.5 metre diameter regularly spaced
omnidirectional microphone array
x 10“ * Arrival tim e of the  s igna ls  recorded by each  m icrophone
Figure B.8: Delay of the signal at each microphone as a function of the sound source
direction using the 0.5 metre diameter regularly spaced omnidirectional microphone array
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Level recorded by each m icrophone
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Figure B.9: Level of the signal at each microphone as a function of the sound source 
direction using the 0.5 metre diameter regularly spaced omnidirectional microphone array
Predicted angles for the combined segments
Figure B.10: Global localisation curve of the 2.5 metre diameter regularly spaced cardioid 
microphone array
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x 10"3 A rrival tim e of the s igna ls  recorded by each m icrophone
First m icrophone 
Second m icrophone 
Th ird  m icrophone 
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Fifth m icrophone 
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Figure 13.11: Delay of the signal at each microphone as a function of the sound source 
direction using the 2.5 metre diameter regularly spaced cardioid microphone array
Level recorded by each  m icrophone
First microphone 
Second microphone 
Third microphone 
Fourth microphone 
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Figure B.12: Level of the signal at each microphone as a function of the sound source
direction using the 2.5 metre diameter regularly spaced cardioid microphone array
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Predicted angles for the combined segments
Figure B.13: Global localisation curve of the 2.5 metre diameter regularly spaced 
supercardioid microphone array
x 1o “3 Arrival tim e of the  s igna ls  recorded by each m icrophone
Sound source  angle
Figure B.14: Delay of the signal at each microphone as a function of the sound source
direction using the 2.5 metre diameter regularly spaced supercardioid microphone array
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Figure B.15: Level of the signal at each microphone as a function of the sound source 
direction using the 2.5 metre diameter regularly spaced supercardioid microphone array
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Predicted angles for the combined segments
Figure B.l6: Global localisation curve of the 2.5 metre diameter regularly spaced 
omnidirectional microphone array
x ip - 3 A rrival tim e of the s igna ls  recorded by each m icrophone
First m icrophone 
Second m icrophone 
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Eighth m icrophone
150 200  250
Sound source  ang le
Figure B.17: Delay of the signal at each microphone as a function of the sound source
direction using the 2.5 metre diameter regularly spaced omnidirectional microphone array
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Figure B.18: Level of the signal at each microphone as a function of the sound source 
direction using the 2.5 metre diameter regularly spaced omnidirectional microphone array
Predicted angles for the combined segments
Figure B.19: Global localisation curve of the microphone array producing only ICLD to
the side of the listener
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Arrival time of the signals recorded by each microphone
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Figure B.20: Delay of the signal at each microphone as a function of the sound source 
direction using the microphone array producing only ICLD to the side of the listener
Level recorded by each m icrophone
80 100 120 
Sound source  ang le
Figure B.21: Level of the signal at each microphone as a function of the sound source
direction using the microphone array producing only ICLD to the side of the listener
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Predicted angles for the combined segments
Figure B.22: Global localisation curve of the microphone array producing only ICLD to 
the side of the listener, cardioid alternative
Arrival time ot the signals recorded by each microphone
Figure B.23: Delay of the signal at each microphone as a function of the sound source 
direction using the microphone array producing only ICLD to the side of the listener, 
cardioid alternative
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Level recorded by each  m icrophone
Figure B.24: Level of the signal at each microphone as a function of the sound source 
direction using the microphone array producing only ICLD to the side of the listener, 
cardioid alternative
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Predicted angles for the combined segments
Figure B.25: Global localisation curve of the microphone array producing only ICTD to 
the side of the listener
Arrival time of the signals recorded by each microphone
 First microphone
 Second microphone
 Third microphone
Fourth microphone 
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Sixth microphone 
Seventh microphone 
Eighth microphone
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Figure B.26: Delay of the signal at each microphone as a function of the sound source
direction using the microphone array producing only ICTD to the side of the listener
APPENDIX B. PREDICTED LOCALISATION PROFILES 222
Level recorded by each m icrophone
Figure B.27: Level of the signal at each microphone as a function of the sound source 
direction using the microphone array producing only ICTD to the side of the listener
Predicted angles for the combined segments
Figure B.28: Global localisation curve of the microphone array producing only ICTD to
the side of the listener, cardioid alternative
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Arrival time of the signals recorded by each microphone
Figure B.29: Delay of the signal at each microphone as a function of the sound source 
direction using the microphone array producing only ICTD to the side of the listener, 
cardioid alternative
Level recorded by each m icrophone
Figure B.30: Level of the signal at each microphone as a function of the sound source 
direction using the microphone array producing only ICTD to the side of the listener, 
cardioid alternative
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Perceived angles for the control microphone array
Figure C.l: Comparison between the predicted and actual perceived angles for the control 
microphone array
Perceived angles for the 0.5m diameter regular 
cardioid microphone array in room 1
Figure C.2: Comparison between the predicted and actual perceived angles for the 0.5m
regular cardioid array in the studio
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Perceived angles for the 0.5m diameter 
regular cardioid microphone array in room 2
Figure C.3: Comparison between the predicted and actual perceived angles for the 0.5m 
regular cardioid array in the concert room
Perceived angles for the 2.5m diameter
regular cardioid microphone array in room 1
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Figure C.4: Comparison between the predicted and actual perceived angles for the 2.5m
regular cardioid array in the studio
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Perceived angles for the 2.5m diameter 
regular cardioid microphone array in room 2
Figure C.5: Comparison between the predicted and actual perceived angles for the 2.5m 
regular cardioid array in the concert room
Perceived angles for the 0.5m diameter 
regular omnidirectional microphone array in room 1
Figure C.6: Comparison between the predicted and actual perceived angles for the 0.5m
regular omnidirectional array in the studio
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Perceived angles for the 0.5m diameter 
regular omnidirectional microphone array in room 2
Figure C.7: Comparison between the predicted and actual perceived angles for the 0.5m 
regular omnidirectional array in the concert room
Perceived anglesfor the 2.5m diameter 
regular omnidirectional microphone array in room 1
Figure C.8: Comparison between the predicted and actual perceived angles for the 2.5m
regular omnidirectional array in the studio
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Perceived angles for the 2.5m diameter regular 
omnidirectional microphone array in room 2
Figure C.9: Comparison between the predicted and actual perceived angles for the 2.5m 
regular omnidirectional array in the concert room
Perceived angles for the irregular side ICLD microphone array 
using two cardioid microphones in room 1
Figure C.10: Comparison between the predicted and actual perceived angles for the side
ICLDs microphone array using two cardioid microphones in the studio
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Perceived angles for the irregular side ICLD microphone array 
using two cardioid microphones in room 2
Figure C.ll: Comparison between the predicted and actual perceived angles for the side 
ICLDs microphone array using two cardioid microphones in the concert room
Perceived angles for the irregular side ICLD microphone array 
using two omnidirectional microphones in room 1
Figure C.12: Comparison between the predicted and actual perceived angles for the side
ICLDs microphone array using two omnidirectional microphones in the studio
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Perceived angles for the irregular side ICLD microphone array 
using two omnidirectional microphones in room 2
Figure C.13: Comparison between the predicted and actual perceived angles for the side 
ICLDs microphone array using two omnidirectional microphones in the concert room
Perceived angles for the irregular front ICLD microphone array 
using two cardioid microphones in room 1
Figure C.14: Comparison between the predicted and actual perceived angles for the front
ICLDs microphone array using two cardioid microphones in the studio
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Perceived angles for the irregular front ICLD microphone array 
using two cardioid microphones in room 2
Figure C.15: Comparison between the predicted and actual perceived angles for the front 
ICLDs microphone array using two cardioid microphones in the concert room
Perceived angles for the irregular front ICLD microphone array 
using two omnidirectional microphones in room 1
Figure C.16: Comparison between the predicted and actual perceived angles for the front
ICLDs microphone array using two omnidirectional microphones in the studio
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Perceived angles for the irregular front ICLD microphone array 
using two omnidirecitonal microphones in room 2
Figure C.17: Comparison between the predicted and actual perceived angles for the front 
ICLDs microphone array using two omnidirectional microphones in the concert room
Perceived angles for the 0.5m diameter regular 
supercardioid microphone array in room 1
Figure C.18: Comparison between the predicted and actual perceived angles for the 0.5m
regular supercardioid array in the studio
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Perceived angles for the regular 0.5m diameter regular 
supercardioid microphone array in room 2
Figure C.19: Comparison between the predicted and actual perceived angles for the 0.5m 
regular supercardioid array in the concert room
Perceived angles for the 2.5m diameter regular 
supercardioid microphone array in room 1
Figure C.20: Comparison between the predicted and actual perceived angles for the 2.5m
regular supercardioid array in the studio
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Perceived angles for the 2.5m diameter regular 
supercardioid microphone array in room 2
Figure C.21: Comparison between the predicted and actual perceived angles for the 2.5m 
regular supercardioid array in the concert room
A ppendix D
Prediction errors for irregular 
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236
APPENDIX D. PREDICTION ERRORS FOR IRREGULAR MICROPHONE ARRAYS237
Absolute prediction error for side ICLD microphone arrays 
using two cardioid microphones, in the studio
Sound Source angle (degrees)
Figure D.l: Absolute prediction error for side ICLDs microphone arrays using two 
cardioid microphone in the studio
Absolute prediction error for side ICLD microphone arrays 
using two cardioid microphones, in the concert room
Sound Source angle (degrees)
Figure D.2: Absolute prediction error for side ICLDs microphone arrays using two
cardioid microphone in the concert room
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Absolute prediction error for side ICLD microphone arrays 
using two omnidirectional microphones, in the studio
Sound Source angle (degrees)
Figure D.3: Absolute prediction error for side ICLDs microphone arrays using two 
omnidirectional microphone in the studio
Absolute prediction error for side ICLD microphone arrays 
using two omnidirectional microphones, in the concert room
Figure D.4: Absolute prediction error for side ICLDs microphone arrays using two
omnidirectional microphone in the concert room
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Absolute prediction error for front ICLD microphone arrays 
using two cardioid microphones, in the studio
Figure D.5: Absolute prediction error for front ICLDs microphone arrays using two 
cardioid microphone in the studio
Absolute prediction error for front ICLD microphone arrays 
using two cardioid microphones, in the concert room
Sound Source angle (degrees)
Figure D.6: Absolute prediction error for front ICLDs microphone arrays using two
cardioid microphone in the concert room
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Absolute prediction error tor front ICLD microphone arrays 
using two omnidirectional microphones, in the studio
Figure D.7: Absolute prediction error for front ICLDs microphone arrays using two 
omnidirectional microphone in the studio
Absolute prediction error for front ICLD microphone arrays 
using two omnidirectional microphones, in the concert room
Figure D.8: Absolute prediction error for front ICLDs microphone arrays using two
omnidirectional microphone in the concert room
A ppendix E
List of Publications and 
Presentations
E .l  Conference papers
• Simon, L., Mason, R., Rumsey, F., “Localization Curves for a Regularly-Spaced 
Octagon Loudspeaker Array”, presented at the AES 127th convention, New York, 
United States, 2009, October 9-12. Preprint 7915
• Simon, L., Mason, R., “Time and Level Localisation Curves For A Regularly-Spaced 
Octagon Loudspeaker Array”, presented at the AES 128th convention, London, 
United Kingdom, 2010, May 22-25. Preprint 8079
E.2 Invited  presentations
• Simon, L., Mason, R., “Localisation curves for a regularly-spaced octagon loud­
speaker array. Their use in 8-channel microphone array design”. King’s College 
London opening of the Audiolab, London, United Kingdom. August 6 2010
• Simon, L., Mason, R., “Reproduction sonore sur le plan horizontal basee sur des 
indices perceptifs”, Laboratoire de Mecanique et d ’Acoustique, seminaire de l’equipe 
Perception Audio, Marseille, France. Octobre 15, 2010
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E.3 Conference posters
• Simon, L., Mason, R., “Development of a novel surround sound format and 
associated microphone techniques”, Surrey Postgraduate Research Conference 2010, 
Guildford, United Kingdom. September 23 & 24 2010
References
Abbagnaro, L. A., Bauer, B. B. & Torick, E. L. (1975), Measurements of diffraction and 
interaural delay of a progressive sound wave caused by the human head. II, The Journal 
of the Acoustical Society of America 58, 3, pp. 693-700, URL h t t p : / / l in k .a ip .o r g /  
lin k /? J A S /5 8 /6 9 3 /l.
Alto, P. (2009), Modification of HRTF filters to reduce timbral effects in binaural 
synthesis, in 127th Audio Engineering Society convention, New-York, United States. 
Preprint 7912.
Berlchout, A. J. (1988), A holographic approach to acoustic control, Journal of the Audio 
Engineering Society 36, 12, pp. 977-995.
Bertet, S., Daniel, J., Parizet, E. & Warusfel, 0 . (2009), Influence of microphone and 
loudspeaker setup on perceived higher order ambisonics reproduced sound field., in 
Ambisonics symposium 2009.
Blauert, J. (1968), A contribution to the theory of the front-back impression in hearing, 
in Proceedings, 6th Int. Congr. on Acoustics, Tokyo. A-3-10.
  (1996), Spatial Hearing - The Psychophysics of Human Sound Localization, rev
sub edition, The MIT Press.
BS EN ISO 3382 (2000), BS ISO 3382 - acoustics - measurement of the reverberation 
time of rooms with reference to other acoutstical parameters, Technical report.
BS.1116, I. (1997), ITU-R BS.1116 : Methods for the subjective assessment of small 
impairments in audio systems including multichannel sound systems, Technical report, 
ITU-R BS.1116.
BS.775-1,1. (1992), ITU-R BS.775-1 - multichannel stereophonic sound system with and 
without accompanying picture, Technical report, ITU-R BS.775-1.
243
REFERENCES 244
Camerer, F. & Sodl, C. (2001), ORF surround techniques, Technical report, IRT /  ORF, 
Vienna and Dusseldorf, URL http://www.hauptmikrofon.de/index.php?option=com_ 
content&view=article&id=61&Itemid=58.
Ceoen, C. (1972), Comparative stereophonic listening tests, Journal of the Audio 
Engineering Society 20, 1, pp. 19-27.
Colburn, H. S. & Esquissaud, P. (1976), An auditory-nerve model for interaural time 
discrimination of high-frequency complex stimuli, The Journal of the Acoustical Society 
of America 59, SI, p. S23, URL h ttp ://link .a ip .O rg /lin lc /7 JA S /59 /S 23 /4 .
Constan, Z. & Hartmann, W. M. (2001), Sound localization by interaural time differences 
at high frequencies, Journal of the Acoustical Society of America 109, 5, p. 2485.
Corteel, E., Kuhn-Rahloff, C. & Pellegrini, R. (2008), Wave field synthesis rendering with 
increased aliasing frequency, in Audio Engineering Society 124th convention, Amsterdam, 
Netherlands. Preprint 7362.
Cross, L. (1985), Performance assessment of studio microphones, Recording Engineer and 
Producer .
Damaske, P. (1967), Subjektive untersuchungen von shallfeldern (Subjective investiga­
tions of sound fields), Acustica 19, pp. 198-213.
Daniel, J., Nicol, R. & Moreau, S. (2003), Further investigations of high order ambisonics 
and wavefield synthesis for holophonic sound imaging.
De Boer, K. (1940), Stereofonische geluidsweergave, Technical report, Institute of
technology, Delft, Netherlands.
Dewhirst, M. (2009), Modelling perceived spatial attributes of reproduced sound, Ph.D. 
thesis, University of Surrey, United Kingdom.
Everest, F. A. Sz Pohlmann, K. C. (2009), Master Handbook of Acoustics, 5th edition,
Tab Electronics.
Field, A. (2009), Discovering Statistics Using SPSS, third edition, SAGE Publications 
Ltd.
Fukada, A. (2001), A challenge in multichannel music recording, in 19th Audio 
Engineering Society International Conference: Surround Sound - Techniques, Technology 
and Perception, Schloss Elmau, Germany. Preprint 1881.
REFERENCES 245
Gardner, B. & Martin, K. (1994), HRTF measurements of a KEMAR Dummy-Head 
microphone, Technical report, MIT Media Lab Perceptual Computing.
Griesinger, D. (1987), New perspectives on coincident and semi coincident microphone 
arrays, in Audio Engineering Society 82nd convention, London, United Kingdom. 
Preprint 2870.
 (1998), General overview of spatial impression, envelopment, localization, and
externalization, in 15th Audio Engineering Society International Conference: Audio, 
Acoustics & Small Spaces, Copenhage, Denmark. Preprint 15-013.
  (1999), Objective measures of spaciousness and envelopment, in Audio
Engineering Society 16th International Conference: Spatial Sound Reproduction,
Rovaniemi, Finland. Preprint 16-003.
Guillon, P., Nicol, R. & Simon, L. (2008), Head-Related transfer functions reconstruction 
from sparse measurements considering a priori knowledge from database analysis: A 
pattern recognition approach, in 125th Audio Engineering Society Convention, San 
Francisco, United States. Preprint 7610.
Hartmann, W. M. (1990), Localization of a source of sound in a room, in Audio 
Engineering Society 8th International Conference: the Sound of Audio, Washington, 
D.C., United States. Preprint 8-006.
 (1997), Signals, Sound, and Sensation, 1st ed. 1998. corr. 5th printing edition,
American Inst, of Physics.
Henning, G. B. (1974), Detectability of interaural delay in high-frequency complex 
waveforms, The Journal of the Acoustical Society of America 55, 1, pp. 84-90.
Hur, Y., Lee, S., Park, Y. Sz Youn, D. (2008), Efficient individualization of HRTF 
using Critical-Band based spectral cues control, in 12fth Audio Engineering Society 
Convention, Amsterdam, Netherlands. Preprint 7447.
Kassier, R., Lee, H., Brookes, T. & Rumsey, F. (2005), An informal comparison 
between Surround-Sound microphone techniques, in 118th Audio Engineering Society 
International Convention, Barcelona, Spain. Preprint 6429.
Kim, S., Ikeda, M. & Takahashi, A. (2008), An optimized pair-wise constant power 
panning algorithm for stable lateral sound imagery in the 5.1 reproduction system, in
REFERENCES 246
125th Audio Engineering Society Convention, San Francisco, United States. Preprint 
7602.
Kinsler, L. E., Frey, A. R,, Coppens, A. B. Sanders, J. V. (1999), Fundamentals of 
Acoustics, 4 edition, Wiley.
Kuhn, G. F. (1977), Model for the interaural time differences in the azimuthal plane, The 
Journal of the Acoustical Society of America 62, 1, pp. 157-167, URL h t tp : / / l i n k .a ip . 
org/lihk/JASMAN/ v62/ il/pl57/sl&Agg=do i .
Kuttruff, H. (2009), Room Acoustics, 5th edition, Taylor & Francis.
Lee, Ii. (2006), Effects of Interchannel Crosstalk in Multichannel Microphone Technique, 
Ph.D. thesis, Surrey, United Kingdom.
Lee, H. & Rumsey, F. (2004), Elicitation and grading of subjective attributes of 2-Channel 
phantom images, in Audio Engineering Society 116th convention, Berlin, Germany. 
Preprint 6142.
Lipshitz, S. P. (1985), Stereo microphone techniques: Are the purists wrong?, in Audio 
Engineering Society 78th Convention, Anaheim, United States. Preprint 2261.
— — (1986), Stereo microphone techniques: Are the purists wrong?, Journal of the 
Audio Engineering Society 34, 9, pp. 716-744.
Lund, T. (2000), Enhanced localization in 5.1 production, in Audio Engineering Society 
109th convention, Los Angeles, United States. Preprint 5243.
Martin, G., Woszczyk, W., Corey, J. & Quesnel, R. (1999), Sound source localization in 
a Five-Channel surround sound reproduction system, in 107th AES Convention.
Mason, R. (1999), Microphone techniques for multichannel surround sound, in AES UK 
Conference., United Kingdom.
Mason, R., Ford, N., Rumsey, F. de Bruyn, B. (2001), Verbal and nonverbal elicitation 
techniques in the subjective assessment of spatial sound reproduction, Journal of the 
Audio Engineering Society 49, 5, pp. 366-384.
Moore, B. C. (2003), An Introduction to the Psychology of Hearing, 5th edition, Academic 
Press.
REFERENCES 247
Ono, K., Pulkki, V. &z Karjalainen, M. (2002), Binaural modeling of multiple sound 
source perception: Coloration of wideband sound, in Audio Engineering Society 112th 
Convention, volume Preprint 5550, Munich, Germany. Preprint 5550.
Peters, N., McAdams, S. &z Braasch, J. (2007), Evaluating Off-Center sound degradation 
in surround loudspeaker setups for various multichannel microphone techniques, in Audio 
Engineering Society 123rd convention, New York, United States. Preprint 7197.
Pollack, I. & Rose, M. (1967), Effect of head movement on the localization of sounds in 
the equatorial plane., Perception and psychophysics 2, pp. 591-596.
Pulkki, V. (2001), Localization of Amplitude-Panned virtual sources II: two- and Three- 
Dimensional panning, Journal of the Audio Engineering Society 49, 9, pp. 753-767.
  (2009), http://www.acoustics.hut.fi/software/vbap/, URL http://www.
a c o u s tic s .h u t. fi/so ftw are /v b ap /.
Rakerd, B. Hz Hartmann, W. M. (1985), Localization of sound in rooms, II: the effects 
of a single reflecting surface, The Journal of the Acoustical Society of America 78, 2, pp. 
524-533, URL h t tp : / / l i n k . a ip . org/link/7JA S/78/524/1.
Rumsey, F. (1998), Subjective assessment of the spatial attributes of reproduced sound, 
in Audio Engineering Society 15th International conference, Denmark. Preprint 15-012.
 (2001), Spatial Audio, focal press edition, Music Technology series, Focal press.
Rumsey, F. & McCormick, T. (2005), Sound and Recording: An Introduction, 5th edition, 
Focal Press.
Rumsey, F., Zielinski, S., Kassier, R. & Bech, S. (2005), On the relative importance 
of spatial and timbral fidelities in judgments of degraded multichannel audio quality, 
Journal of the Acoustical Society of America 118, 2, pp. 968-976.
Sayers, B. M. & Toole, F. E. (1964), Acoustic-Image lateralization judgments with 
binaural transients, The Journal of the Acoustical Society of America 36, 6, pp. 1199- 
1205, URL h t tp : / / l i n k . a ip . org/link/?JA S/36/1199/1,
Simon, L., Mason, R. & Rumsey, F. (2009), Localisation curves for a Regularly-Spaced 
octagon loudspeaker array, in Audio Engineering Society 127th convention, NY, USA. 
Preprint 7915.
Simonsen, G. (1984), Master’s Thesis, Ph.D. thesis, Technical University of Lyngby.
REFERENCES 248
Slotte, B. (2005), Sharpening the image in 5.1 surround recording, in Audio Engineering 
Society 118th convention, Barcelona, Spain. Preprint 6509.
Teas, D. C. (1962), Lateralization of acoustic transients, The Journal of the Acoustical 
Society of America 34, 9B, pp. 1460-1465, URL h ttp :// lin k .a ip .o rg /lin k /7 JA S /3 4 / 
1460/1.
Theile, G. (2001), Natural 5.1 music recording based on psychoacoustic principals, in 19th 
Audio Engineering Society International Conference, Schloss Elmau, Germany. Preprint 
1904.
Theile, G. & Plenge, G. (1977), Localization of lateral phantom sources, Journal of the 
Audio Engineering Society 25, 4, pp. 196-200.
Toole, F. (2008), Sound Reproduction: The Acoustics and Psychoacoustics of
Loudspeakers and Rooms, Focal Press.
Toole, F. E. Sz Sayers, B. M. (1965), Lateralization judgments and the nature of binaural 
acoustic images, The Journal of the Acoustical Society of America 37, 2, pp. 319-324, 
URL h t tp : / / l i n k . a ip . org/link/7JAS/37/319/1.
Williams, M. (1987), Unified theory of microphone systems for stereophonic sound 
recording, in 82nd Audio Engineering Society convention, London, United Kingdom. 
Preprint 2466.
 (1990), Operational limits of the variable M/S stereophonic microphone system,
in Audio Engineering Society 88th convention, Montreux, Switzerland. Preprint 2931.
  (2007), Magic arrays, multichannel microphone array design applied to
microphone arrays generating interformat compatability, in 122nd Audio Engineering 
Society Convention, Vienna 2007. Preprint 7057.
  (2008), Migration of 5.0 multichannel microphone array design to higher order
MMAD (6.0, 7.0 Sz 8.0) with or without the Inter-Format compatibility criteria, in 124th 
Audio Engineering Society Convention, Amsterdam, Netherlands. Preprint 7480.
Williams, M. Sz Le DAz, G. (1999), Microphone array analysis for multichannel sound 
recording, in 107th AES Convention.
 (2001), The quick reference guide to multichannel microphone arrays design part
1: using cardioid microphones, in 110th AES Convention.
REFERENCES 249
Wittek, H. (2000), Untersuchungen zur richtungsabbildung mit L-C-R hauptmikrofonen.
 (2008), Stereo and surround microphone techniques, in AES uk lecture, London,
United Kingdom.
Wittek, H., Neumann, O., Schaeffler, M. & Millet, C. (2001), Studies on main and room 
microphone optimization, in 19th Audio Engineering Society International Conference: 
Surround Sound - Techniques, Technology and Perception, Schloss Elmau, Germany.
Wittek, H. & Theile, G. (2002), The recording angle - based on localisation curves, in 
Audio Engineering Society 112th Convention, MAijnich, Germany. Preprint 5568.
Woodworth, R. S. &. Schlosberg, H. (1954), Experimental Psychology, New York: Holt.
Zacharov, N. & Bech, S. (2006), The Perceptual Audio Evaluation: Theory, Method and 
Application, John Wiley & Sons.
